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(57) An acoustic correction apparatus 20 processes 
a pair of left and right input signals to compensate for 
spatial distortion as a function of frequency when said 
input signals are reproduced through speakers in a 
sound system. The sound-energy of the left and right 
input signals 26 and 28 is separated and corrected in a 
first low-frequency range and a second high-frequency 
range. The resultant signals are recombined to create 
image-corrected audio signals 27 and 29 having a de- 
sired sound-pressure response when reproduced by the 
speakers in the sound system. The desired sound-pres- 
sure response creates an apparent sound image loca- 
tion with respect to a listener. The image-corrected sig- 
nals 27 and 29 may then be spatially-enhanced to 
broaden the apparent sound image. 
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Description 

Field of the Invention 

This invention relates generally to audio enhance- 
ment systems, and especially those systems and meth- 
ods designed to improve the realism of stereo sound re- 
production. More particularly, this invention relates to 
apparatus for overcoming the acoustic deficiencies of a 
sound system as perceived by a listener which can re- 
sult when speakers within the sound system are not ide- 
ally positioned. 

Background of the Invention 

In a sound reproduction environment various fac- 
tors may serve to degrade the quality of reproduced 
sound as perceived by a listener. Such factors distin- 
guish the sound reproduction from that of an original 
sound stage. One such factor is the location of speakers 
in a sound stage which, if inappropriately placed, may 
lead to a distorted sound-pressure response over the 
audible frequency spectrum. The placement of speak- 
ers also affects the perceived width of a soundstage. 
For example, speakers act as point sources of sound 
limiting their ability to reproduce reverberant sounds that 
are easily perceived in a live sound stage. In fact, the 
perceived sound stage width of many audio reproduc- 
tion systems is limited to the distance separating a pair 
of speakers when placed in front of a listener. Another 
factor degrading the quality of reproduced sound may 
result from microphones which record sound differently 
from the way the human hearing system perceives 
sound. In an attempt to overcome the factors which de- 
grade the quality of reproduced sound, countless efforts 
have been expended to alter the characteristics of a 
sound reproduction environment to mimic that heard by 
a listener in a live sound stage. 

Some efforts at stereo image enhancement have fo- 
cused on the acoustic abilities and limitations of the hu- 
man ear. The human ear's auditory response is sensitive 
to sound intensity, phase differences between certain 
sounds, the frequency of the sound itself, and the direc- 
tion from which sound emanates. Despite the complex- 
ity of the human auditory system, the frequency re- 
sponse of the human ear is relatively constant from per- 
son to person. 

When sound waves having a constant sound pres- 
sure level across all frequencies are directed at a listen- 
er from a single location, the human ear will react differ- 
ently to the individual frequency components of the 
sound. For example, when sound of equal sound pres- 
sure is directed towards a listener from in front of the 
listener, the pressure level created within the listener's 
ear by a sound of 1000 hertz will be different from that 
of 2000 hertz. 

In addition to frequency sensitivity; the human au- 
ditory system reacts differently to sounds impinging up- 



on the ear from various angles. Specifically, the sound 
pressure level within the human ear will vary with the 
direction of sound. The shape of the outer ear, or pinna, 
and the inner ear canal are largely responsible for the 
5 frequency contouring of sounds as a function of direc- 
tion. 

The human auditory response is sensitive to both 
azimuth and elevation changes of a sound's origin. This 
is particularly true for complex sound signals, i.e., those 
having multiple frequency components, and for higher 
frequency components in general. The variance in 
sound pressure within the ear is interpreted by the brain 
to provide indications of a sound's origin. When a re- 
corded sound is reproduced, the directional cues to the 
sound's origin, as interpreted by the ear from sound 
pressure information, will thus be dependent upon the 
actual location of speakers that reproduce the sound. 

A constant sound pressure level, i.e., a "flat" sound 
pressure versus frequency response, can be obtained 
at the ears of a listener from loudspeakers positioned 
directly in front of the listener. Such a response is often 
desirable to achieve a realistic sound image. However, 
the quality of a set of speakers may be less than ideal, 
and they may not be placed in the most acoustically- 
desirable location. Both such factors often lead to dis- 
rupted sound pressure characteristics. Sound systems 
of the prior art have disclosed methods to "correct" the 
sound pressure emanating from speakers to create a 
spatially correct response thereby improving the result- 
ing sound image. 

To achieve a more spatially correct response for a 
given sound system, it is known to select and apply 
head-related-transfer-functions (HRTFs) to an audio 
signal. HRTFs are based on the acoustics of the human 
hearing system. Application of an HRTF is used to ad- 
just the amplitudes of portions of the audio signal to 
compensate for spatial distortion. H RTF-based princi- 
ples may also be used to relocate a stereo image from 
non-optima lly placed loudspeakers. 

The efforts made in the prior art to correct acoustic 
deficiencies within an audio reproduction system have 
often focused on the deficiencies present in automobile 
sound systems. One such attempt is disclosed in both 
U.S. Patent No. 4,648,117 issued to Kunugi, et al. t and 
U.S. Patent No. 4,622,691 issued to Tokumo, et al. In 
the disclosures of Kunugi and Tokumo, a system for cor- 
recting sound absorption levels and for avoiding sound 
wave interference is described for use within a vehicle. 
The disclosed system includes a sound-pressure cor- 
recting circuit and a signal-delay circuit for achieving the 
desired frequency response. The sound-pressure cor- 
rection is achieved by a high-frequency boost of the 
sound signal applied in three stages. The first stage is 
a high-frequency correction for the average sound ab- 
sorption factor of a vehicle, the second high-frequency 
correction stage is dependent upon the sound absorp- 
tion factor of a specific vehicle, and the third high-fre- 
quency correction factor is dependent upon the number 
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of passengers seated within the vehicle. 

In U.S. Patent No. 5,1 46,507 issued to Satoh et al., 
an audio reproduction system control device is dis- 
closed tor correcting the frequency response of a given 
reproduction environment to match that of a standard 
frequency response characteristic. The system in Satoh 
provides a correction parameter for sound signals di- 
rected to front left, front right, rear left and rear right 
speakers of a sound field, such as in an automobile. 
Prestored acoustic characteristics relating to frequency 
and reflection are utilized to adapt the audio reproduc- 
tion control device to a variety of sound environments. 

Another system designed to modify a frequency re- 
sponse characteristic within an automobile is disclosed 
in U.S. Patent No. 4,888,809 issued to Knibbeler. The 
system of Knibbeler attempts to create a flat frequency 
response at two separate non-coincident listening posi- 
tions, such as the front and rear positions in an automo- 
bile passenger compartment, by adjusting a pair of filter 
units. Each of the filter units receives an input signal and 
affects an output signal delivered to a corresponding 
sound transducer. 

Still other patents disclose sound systems which al- 
ter an audio signal to equalize the frequency response. 
Such patents include U.S. Patent No. 5,371,799 issued 
to Lowe, et al., U.S. Patent No. 5,325,435 issued to 
Date, et al., U.S. Patent No. 5,228,085 issued to Ayl- 
ward, U.S. Patent No. 5,033,092 issued to Sadaie, U.S. 
Patent No. 4,393,270 issued to van den Berg, and U.S. 
Patent No. 4,329,544 issued to Yamada. 

Summary of the Invention 

Despite the contributions from the prior art, there 
exists a need for an image correction apparatus which 
can easily be adapted to a variety of sound reproduction 
environments which have distorted spatial characteris- 
tics. There is also a need for such an image correction 
system which operates in conjunction with an image en- 
hancement apparatus to spatially enhance the correct- 
ed stereo image. 

The acoustic correction apparatus as disclosed 
herein, and the associated methods of operation, pro- 
vide a sophisticated and effective system for improving 
a sound image in an imperfect reproduction environ- 
ment. 

To achieve an improved stereo image, an image 
correction device divides an input signal into first and 
second frequency ranges which collectively contain 
substantially all of the audio frequency spectrum. The 
frequency response characteristics of the input signal 
within the first and second frequency ranges are sepa- 
rately corrected and combined to create an output signal 
having a relatively flat frequency-response characteris- 
tic with respect to a listener. The level of frequency cor- 
rection, i.e., sound-energy correction, is dependent up- 
on the reproduction environment and tailored to over- 
come the acoustic limitations of such an environment. 



The design of the acoustic correction apparatus allows 
for easy and independent correction of the input signal 
within individual frequency ranges to achieve a spatially- 
corrected and relocated sound image. 
5 Within an audio reproduction environment, speak- 
ers may be placed at a location remote from a listener's 
ears thereby adversely affecting a sound image per- 
ceived by the listener For example, within an automo- 
bile, speakers for producing low, mid, and high range 
io audio signals may be positioned in door panels below 
the listener's ears. The acoustic correction apparatus of 
the present invention relocates the sound image to an 
apparent position near the listener's ear level. 

In some audio reproduction environments, the high- 
*5 frequency transducers, or tweeters, are placed at loca- 
tions remote from mid-range or low-frequency transduc- 
ers, i.e., mid-range or woofer speakers. In an automo- 
bile, mid-range speakers are often placed in door panels 
or similar locations located near the legs or feet of a lis- 
tener. Tweeters, however, may be positioned at a height 
near or above the listener's ear level to avoid interfer- 
ence or absorption by surrounding objects. The small 
size of tweeters allows for such remote placement within 
a vehicle. When tweeters are placed near a listener's 
ear, the sound pressure level at the listener's ears 
among the high-frequency ranges may be greater than 
the corresponding low-frequency ranges. Accordingly, 
the acoustic correction apparatus is designed so that 
correction of the higher frequency components may be 
either positive or negative. That is, the higher frequency 
components may be either boosted or attenuated, rela- 
tive to a tower frequency component, to compensate for 
remote placement of the tweeters. 

Through application of the acoustic correction ap- 
paratus, a stereo image generated from playback of an 
audio signal may be spatially corrected to convey a per- 
ceived source of origin having a vertical and/or horizon- 
tal position distinct from the position of the speakers. 
The exact source of origin perceived by a listener will 
depend on the level of spatial correction. In the context 
of an automobile, the acoustic correction apparatus dis- 
closed herein may be used, in connection with door- 
mounted speakers, to achieve a substantially flat fre- 
quency response at an occupant's ear. Such a response 
will create an apparent stereo image positioned in front 
of the listener at approximate ear level. 

Once a perceived sound origin is obtained through 
correction of spatial distortion, the corrected audio sig- 
nal may be enhanced to provide an expanded stereo 
image. In accordance with a preferred embodiment, 
stereo image enhancement of a relocated audio image 
takes into account acoustic principles of human hearing 
to envelop the listener in a realistic sound stage. In those 
sound reproduction environments where a listening po- 
sition is relatively fixed, such as the interior of an auto- 
mobile, the amount of stereo image enhancement ap- 
plied to the audio signal is partially determined by the 
actual position of the speakers with respect to the lis- 
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tenet 

According to one preferred aspect of the invention, 
an audio correction device is adaptable to an automotive 
sound system of a vehicle for spatially enhancing a ster- 
eo image projected by the automotive sound system 
with respect to a listener situated within a driver seat of 
the vehicle. The vehicle also has a forward-section pas- 
senger seat and the automotive sound system compris- 
es a pair of speakers mounted within a respective driver- 
side door and passenger-side door of the vehicle where- 
in the speakers are positioned beneath a pair of ears of 
the listener. 

The preferred audio correction device comprises a 
stereo image correction circuit connected to the auto- 
motive sound system for receiving a stereo sound sig- 
nal, the stereo sound signal exhibiting audio distortion 
with respect to the listener when played through the 
speakers, the image correction circuit modifying com- 
ponents of the stereo sound signal to generate a cor- 
rected stereo sound signal, the corrected stereo sound 
signal compensating for the audio distortion to provide 
an apparent sound image for the listener when the cor- 
rected stereo sound signal is played through the speak- 
ers. 

In addition, the preferred audio correction device 
further comprises a stereo image enhancement circuit 
receiving the corrected stereo sound signal for broad- 
ening the apparent sound image, the stereo image en- 
hancement circuit modifying the stereo sound signal to 
generate a spatially enhanced sound signal for playback 
through the speakers, the image enhancement circuit 
comprising a means for isolating the stereo information- 
al content of the stereo sound signal, an equalizer for 
applying a level of amplitude boost to said stereo infor- 
mation la content as a function of frequency wherein said 
level of boost is characterized by a maximum gain below 
200 hertz and characterized by a minimum gain be- 
tween 1 kHz and 5 kHz, and means for combining said 
stereo informational content with said stereo signal to 
create said spatially enhanced sound signal. 

In another embodiment, the stereo image correc- 
tion circuit divides an audible frequency spectrum into 
a low frequency range and a high frequency range rel- 
ative to the low frequency range, the image correction 
circuit modifying components of the stereo sound signal 
within the low frequency range independently of com- 
ponents within the high frequency range. 

In another embodiment, the distortion results from 
placement of the speakers within the door whereby the 
speakers are pointed towards respective sides of the lis- 
tener, the speakers characterized by an angle of sound 
dispersion such that the listener's ears are positioned 
substantially outside of the angle of sound dispersion. 

In another embodiment, playback of the spatially 
enhanced sound signal through the speakers has an ap- 
parent effect of rotating the apparent sound image to- 
wards the listener, and wherein the minimum gain of the 
stereo informational content signal is a function of the 



position of the speaker system with respect to the lis- 
tener. In another embodiment, the distortion results from 
sound-absorption characteristics of an interior of the ve- 
hicle. 

5 According to another aspect of the invention, an au- 
dio enhancement apparatus is operative upon left and 
right stereo input signals provided by a stereo reproduc- 
tion device for playback through a speaker system hav- 
ing a fixed location within an audio reproduction envi- 

10 ronment, the enhancement apparatus modifying the 
stereo input signals to obtain an improved stereo image 
by compensating for acoustic limitations created when 
the input signals are reproduced by the speaker system 
within the audio reproduction environment. The audio 

is enhancement apparatus comprising a stereo image cor- 
rection circuit receiving the left and right stereo input sig- 
nals and modifying the input signals to generate energy- 
corrected left and right stereo signals, the energy-cor- 
rected left and right signals creating a corrected spatial 

20 response when played through the speaker system and 
heard by a listener in the audio reproduction environ- 
ment, the corrected spatial response creating an appar- 
ent sound image with respect to the listener to obtain a 
realistic and redirected sound experience for the listen- 

25 er. 

This embodiment of the audio enhancement appa- 
ratus further comprising a stereo image enhancement 
circuit receiving the energy-corrected left and right ster- 
eo signals and generating enhanced left and right stereo 

30 signals for enhancing the apparent sound image to pro- 
vide an improved sound image perceived by the listener 
when the enhanced left and right stereo signals are re- 
produced through the speaker system and wherein the 
energy-corrected left and right signals are characterized 

35 by a first difference-signal component representing the 
difference between the energy-corrected left and right 
signals, and the enhanced left and right stereo signals 
are characterized by a second difference-signal compo- 
nent representing the difference between the enhanced 

40 left and right signals, the second difference-signal com- 
ponent selectively equalized with respect to the first dif- 
ference-signal component. 

In another embodiment, the acoustic limitations are 
a function of the fixed location of the speaker system 

45 with respect to the listener. In another embodiment, the 
acoustic limitations are inherent characteristics of the 
speaker system. In yet another embodiment, the appar- 
ent sound image is defined by an azimuth and elevation 
with respect to the listener different from that of the 

50 speaker system. 

In another embodiment, the acoustic limitations are 
a function of the fixed location of the speaker system 
with respect to the listener and a function of sound ab- 
sorption characteristics of the audio reproduction envi- 

55 ronment. In yet another embodiment, the corrected spa- 
tial response is characterized by sound-pressure ener- 
gy levels which are substantially constant across all au- 
dible frequencies above 1 00 Hz with respect to the Its- 
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tener. 

In another embodiment, the stereo image correc- 
tion circuit comprises a first correction circuit for modi- 
fying components of the left and right input signals within 
a first frequency range to create a first corrected stereo 
signal component, a second correction circuit for sepa- 
rately modifying components of the left and right input 
signals within a second frequency range to create a sec- 
ond corrected stereo signal component, and means for 
combining the first and second corrected stereo signal 
components to generate the energy-corrected left and 
right signals. 

In another embodiment, the means for combining 
also combines a respective one of the input signals with 
the first and second corrected stereo signal components 
to generate the energy-corrected left and right signals. 
In yet another embodiment, the first corrected stereo 
signal component comprises signals having frequen- 
cies between approximately 100 Hz to 1 kHz, and the 
second corrected stereo signal component comprises 
signals having frequencies between approximately 1 
kHz to 10 kHz. 

In another embodiment, the second corrected ster- 
eo signal component is attenuated by the energy-cor- 
rection circuit. In yet another embodiment, the second 
correction circuit boosts the input signal components 
within the second frequency range to generate the sec- 
ond corrected stereo signal component, the means for 
combining further comprising a switch having a first po- 
sition and a second position, wherein the second cor- 
rected stereo signal component is added to the first cor- 
rected stereo signal component by the means for com- 
bining when the switch is in the first position, and the 
second corrected stereo signal component is subtracted 
from the first corrected stereo signal component when 
the switch is in the second position. 

In another embodiment, the stereo image enhance- 
ment circuit comprises an equalizer for altering a fre- 
quency response of the first difference signal to create 
the second difference signal by applying a perspective 
equalization curve to the first difference signal, the per- 
spective equalization curve characterized by a maxi- 
mum-gain turning point occurring at a maximum-gain 
frequency within a first frequency range of approximate- 
ly 1 00 to 200 hertz and the curve characterized by a min- 
imum-gain turning point occurring at a minimum-gain 
frequency within a second frequency range of approxi- 
mately 1680 to 5000 hertz. 

In another embodiment, the maximum gain is within 
a range of approximately 10 to 15 dB, and the minimum 
gain is within a range of approximately 0 to 10 dB. In yet 
another embodiment, the maximum gain, the maximum- 
gain frequency, the minimum gain, and the minimum- 
gain frequency are dependent upon the fixed location of 
the speaker system with respect to the listener. In an 
additional embodiment, the perspective equalization 
curve is a function of an angle created between (1) the 
path of direct-field sound emanating from the speaker 



system and impinging upon a proximate ear of the lis- 
tener, and (2) a plane parallel to the listener's forward 
line-of-sight. 

In another embodiment, the audio enhancement 
s apparatus is implemented in digital format by a digital 
signal processor. In yet another embodiment, the audio 
enhancement apparatus is implemented using discrete 
circuit components. In additional embodiment, the left 
and right stereo input signals are synthetically generat- 
ed from a monophonic audio signal source. In an addi- 
tional embodiment, the left and right stereo input signals 
are part of an audio-visual composite signal. 

In another embodiment, the audio enhancement 
apparatus is constructed as a digital and analog hybrid 
circuit. In yet another embodiment, the audio enhance- 
ment system is contained within a semiconductor sub- 
strate. In an additional embodiment, the audio enhance- 
ment system is contained within a multi-chip module. 

In another embodiment, the audio reproduction en- 
vironment is the interior of an automobile having first and 
second door panels positioned on opposite sides of a 
driver of the automobile and wherein the speaker sys- 
tem comprises a first speaker positioned within the first 
door panel and a second speaker positioned within the 
second door panel. In yet another embodiment, the au- 
dio reproduction environment is associated with an elec- 
tronic keyboard apparatus having a keyboard and 
wherein the speaker system comprises first and second 
speakers connected to the electronic keyboard appara- 
tus, the first and second speakers placed beneath the 
keyboard. 

According to another aspect of the invention, a ster- 
eo enhancement device receives or inputs a pair of ster- 
eophonic left and right audio signals and provides proc- 
essed left and right audio signals to a speaker system 
for reproduction of a sound image corresponding to the 
processed signals. This embodiment of the stereo en- 
hancement device comprises means for selectively al- 
tering the amplitude levels of the left and right audio sig- 
nals to create corrected left and right audio signals, the 
corrected left and right audio signals conveying a per- 
ceived source of origin for the sound image with respect 
to a listener when the corrected signals are played 
through the speaker system, the perceived source of or- 
igin distinct from an actual source of origin for the sound 
image, and means for enhancing the corrected left and 
right audio signals to emphasize reverberant sound en- 
ergy present in the corrected left and right audio signals, 
the means for enhancing producing the processed left 
and right audio signals. 

In another embodiment, the means for enhancing 
the corrected signals amplifies selected frequency com- 
ponents of a difference signal by predetermined 
amounts, the difference signal representing the amount 
of stereo information present in the corrected left and 
right audio signals, and the predetermined amounts de- 
termined as a function of the actual source of origin for 
the sound image. In yet another embodiment, playback 
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of the left and right audio signals through the speaker 
system generates a first frequency-dependent sound 
pressure response with respect to a listener, and play- 
back of the left and right audio signals through a speaker 
system located at the perceived source of origin gener- 
ates a second frequency-dependent sound pressure re- 
sponse with respect to the listener, the corrected left and 
right audio signals generating the second frequency-de- 
pendent sound pressure response with respect to the 
listener when the corrected left and right audio signals 
are reproduced by the speaker system. 

In another embodiment, the means for selectively 
altering further comprises means for dividing the stere- 
ophonic audio signals into low-frequency components 
and high-frequency components, means for equalizing 
the low and high frequency components to generate 
low-frequency and high-frequency energy-corrected 
audio signals, and means for combining the low and 
high-frequency energy-corrected audio signals to gen- 
erate the corrected left and right audio signals. 

In another embodiment, the low-frequency compo- 
nents are contained within a frequency range of approx- 
imately 1 00 to 1000 Hz, and the high-frequency compo- 
nents are contained within a frequency range of approx- 
imately 1000 to 10,000 Hz. In yet another embodiment, 
the bw-f requency components correspond to a first fre- 
quency range of the stereophonic audio signals and the 
high-frequency components correspond to a second- 
frequency range of the stereophonic audio signals, the 
low-frequency components boosted over the first fre- 
quency range and the high-frequency components at- 
tenuated over the second frequency range. 

In another embodiment, the means for enhancing 
comprises means for generating a sum signal repre- 
senting the sum of the corrected left audio signal and 
the corrected right audio signal, means for generating a 
difference signal representing the difference between 
the corrected left audio signal and the corrected right 
audio signal, means for boosting components of the dif- 
ference signal within a first and second range of fre- 
quencies relative to components of the difference signal 
within a third range of frequencies to create a processed 
difference signal, the third range of frequencies greater 
than the first range of frequencies and less than the sec- 
ond range of frequencies, and means for combining the 
sum signal and the processed difference signal to create 
the processed left and right audio signals. 

In another embodiment, the difference signal has a 
minimum-gain turning point occurring at a minimum- 
gain frequency within the third range of frequencies, the 
minimum-gain turning point determined as a function of 
the actual source of origin for the sound image. In yet 
another embodiment, the components of the difference 
signal within the first, second, and third range of fre- 
quencies are all amplified by the means for boosting. 

According to another aspect of the invention, a spa- 
tial enhancement apparatus redirects and enhances a 
stereophonic image emanating from a speaker system 



located within an audio reproduction environment. In 
this aspect of the invention, the spatial enhancement ap- 
paratus comprises an acoustic-image correcting circuit 
receiving an audio input signal and producing a correct- 
s ed audio signal, the audio input signal creating a first 
sound-pressure response with respect to a listener 
when played through the speaker system, and the cor- 
rected audio signal creating a second sound-pressure 
response when played through the speaker system, the 
second sound-pressure response generating an appar- 
ent stereo image corresponding to an apparent location 
of the speaker system with respect to the listener, and 
an acoustic-image enhancement circuit receiving the 
corrected audio signal and providing an enhanced audio 
signal for reproduction through the speaker system, the 
enhanced audio signal equalized with respect to the cor- 
rected audio signal to broaden the apparent stereo im- 
age. 

In another embodiment, the corrected audio signal 
is a stereophonic signal comprising a difference signal 
representing the amount of stereo information present 
in the corrected audio signal, the acoustic-image en- 
hancement circuit equalizing the difference signal to 
emphasize reverberant sound energy in the corrected 
audio signal for broadening the apparent stereo image. 

In another embodiment, the corrected audio signal 
is a stereophonic signal comprising a difference signal 
representing the amount of stereo information present 
in the corrected audio signal, the acoustic-image en- 
hancement circuit equalizing the difference signal ac- 
cording to a perspective level of equalization to create 
a processed difference signal, the perspective level of 
equalization varying with respect to frequency of the dif- 
ference signal and characterized by a maximum gain 
occurring at a maximum-gain frequency within a first fre- 
quency range of approximately 100 to 200 hertz and a 
minimum gain occurring at a minimum-gain frequency 
within a second frequency range of approximately 1680 
to 5000 Hz, the level of equalization decreasing below 
the first frequency range and above the first frequency 
range towards the minimum-gain frequency, the level of 
equalization further increasing above the minimum-gain 
frequency. In yet another embodiment, the maximum 
gain and the minimum gain are a function of an actual 
location of the speaker system relative to a listener with- 
in the audio reproduction environment. 

In another embodiment, the level of equalization of 
the difference signal is further characterized by bass at- 
tenuation of the difference signal relative to the maxi- 
mum gain, the bass attenuation occurring below the 
maximum-gain frequency and the bass attenuation in- 
creasing with a reduction in difference-signal frequency. 
In yet another embodiment, the maximum gain and the 
minimum gain are fixed at preset gain levels, the maxi- 
mum gain and the minimum gain dependent upon the 
angle of incidence of direct-field sound emanating from 
an actual location of the speaker system and reaching 
an ear of the listener. 
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In another embodiment, the acoustic-image cor- 
recting circuit comprises a first fitter receiving the audio 
input signal and providing a first filtered output signal, 
the first filter having a frequency-response characteristic 
comprising a first transition band, the audio input signal 
having amplitude levels modified throughout the first 
transition band as a function of frequency, a second au- 
dio filter receiving the audio input signal and providing 
a second filtered output signal, the second audio filter 
having a frequency-response characteristic comprising 
a second transition band, the audio input signal having 
amplitude levels modified throughout the second tran- 
sition band as a function of frequency, and an amplifier 
for boosting the amplitude levels of the first and second 
filtered output signals, and for combining the first and 
second filtered output signals with the audio input signal 
to generate the corrected audio signal, the corrected au- 
dio signal creating the apparent stereo image when re- 
produced through the speaker system. 

In another embodiment, the audio input signal com- 
prises a left input signal and a right input signal, and the 
acoustic-image correcting circuit comprises a first ener- 
gy-correction device receiving the left input signal for 
processing the left input signal to generate a corrected 
left audio signal, the first energy-correction device com- 
prising, a low-frequency correction circuit receiving the 
left input signal and providing a corrected low-frequency 
left signal, the low-frequency correction circuit boosting 
amplitude components of the left input signal within a 
first frequency range, a high-frequency correction circuit 
receiving the left input signal and providing a corrected 
high-frequency left signal, the high-frequency correction 
circuit adjusting amplitude components of the left input 
signal within a second frequency range, means for com- 
bining the corrected low and high-frequency left signals 
to create the corrected left audio signal, a second ener- 
gy-correction device receiving the right input signal to 
generate a corrected right audio signal 

The second energy-correction device further com- 
prising a low-frequency correction circuit receiving the 
right input signal and providing a corrected low-frequen- 
cy right signal, the tow-frequency correction circuit 
boosting amplitude components of the right input signal 
within the first frequency range, a high-frequency cor- 
rection circuit receiving the right input signal and provid- 
ing a corrected high-frequency right signal, the high-fre- 
quency correction circuit adjusting amplitude compo- 
nents of the right input signal within the second frequen- 
cy range; and means for combining the corrected low 
and high-frequency right signals to create the corrected 
right audio signal. 

In another embodiment, the audio reproduction en- 
vironment is the interior of an automobile, the automo- 
bile having a dashboard and the apparent stereo image 
emanating from the direction of the dashboard towards 
the listener. In yet another embodiment, the audio re- 
production environment is an outdoor area and wherein 
the listener may be situated at a plurality of locations 



within the audio reproduction environment. 

In another embodiment, the acoustic-image en- 
hancement circuit comprises a first summing network 
inputting corrected left and right audio signals supplied 

5 by the acoustic-image correcting circuit, the first sum- 
ming network generating a difference signal and a sum 
signal, the difference signal representing the amount of 
stereo information present in the corrected left and right 
audio signals, an equalizer connected to the first sum- 

10 ming network, the equalizer modifying the frequency re- 
sponse of the difference signal to create a processed 
difference signal having a level of equalization varying 
with respect to frequency of the processed difference 
signal. 

*5 The level of equalization in this embodiment char- 
acterized by a maximum gain occurring at a maximum- 
gain frequency between approximately 100 to 200 Hz 
and a minimum gain occurring at a minimum-gain fre- 
quency between approximately 16B0 to 5000 Hz, mid- 
20 range attenuation of the difference signal relative to the 
maximum gain, the mid-range attenuation occurring 
above the maximum-gain frequency and increasing with 
a corresponding increase in difference-signal frequency 
up to the minimum-gain frequency with the mid-range 

25 attenuation decreasing above the minimum-gain fre- 
quency with an increase in difference-signal frequency. 

The acoustic-image enhancement circuit in this em- 
bodiment further comprising a signal mixer receiving the 
processed difference signal and combining the p roc - 

30 essed difference signal with the sum signal and the cor- 
rected left audio signal to create an enhanced left output 
signal for reproduction by the speaker system, the signal 
mixer also combining the processed difference signal 
with the sum signal and the corrected right audio signal 

35 to create an enhanced right output signal for reproduc- 
tion by the speaker system. 

According to another aspect of the invention, an 
acoustic energy correction device for modifies the spec- 
tral density of a stereo signal to overcome acoustic de- 

40 ficiencies of a speaker system when the stereo signal is 
reproduced through the speaker system. In this aspect 
of the invention, the acoustic energy correction device 
comprises a compensating circuit receiving the stereo 
signal for adjusting amplitudes of the stereo signal to 

45 obtain a desired acoustic spatial response with respect 
to a listener when the stereo signal is played through 
the speaker system, the compensating circuit compris- 
ing, a first correct ton circuit receiving the stereo signal 
and boosting the stereo signal as a first function of fre- 

50 quency over a first frequency range to create a first cor- 
rected stereo signal, a second correction circuit receiv- 
ing the stereo signal and adjusting the stereo signal as 
a second function of frequency over a second frequency 
range to create a second corrected stereo signal, 

55 wherein the first function of frequency is independent of 
the second function of frequency, and means for com- 
bining the first and second corrected stereo signals to 
create an energy-corrected output signal. 
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In another embodiment, the first frequency range 
comprises audible frequencies below approximately 
1000 Hz, and the second frequency range comprises 
audible frequencies above approximately 1000 Hz. In 
yet another embodiment, the stereo signal is also com- 
bined with the first and second corrected stereo signals 
by the means for combining. In an additional embodi- 
ment, the level of boost applied by the first correction 
circuit increases with a corresponding increase in fre- 
quency. 

In another embodiment, the second correction cir- 
cuit boosts the stereo signal within the second frequen- 
cy range, the boost having a level increasing with a cor- 
responding increase in frequency In yet another em- 
bodiment, the second correction circuit attenuates the 
stereo signal within the second frequency range. 

In ap additional embodiment, the acoustic energy 
correction device further includes an electronic switch 
receiving the second corrected stereo signal and pro- 
viding an output connected to the means for combining, 
the electronic switch having a first position and a second 
position, the first and second corrected stereo signals 
added by the means for combining when the switch is 
in the first position, and the second corrected stereo sig- 
nal subtracted from the first corrected stereo signal 
when the switch is in the second position. 

According to another aspect of the invention, an 
electronic device creates an apparent sound image from 
sound signals reproduced through an acoustic trans- 
ducer. In this aspect of the invention, the electronic de- 
vice comprises a first filter receiving the sound signals 
and providing a first filtered output signal, the first filter 
having a frequency-response characteristic comprising 
a first pass band and a first transition band, the sound 
signals having amplitude levels modified throughout the 
first transition band as a function of frequency and hav- 
ing a substantially uniform level of modification within 
the first pass band, a second audio filter receiving the 
sound signals and providing a second fi Itered output sig- 
nal, the second audio filter having a frequency-response 
characteristic comprising a second pass band and a 
second transition band, the sound signals having ampli- 
tude levels modified throughout the second transition 
band as a function of frequency and having a substan- 
tially uniform level of modification within the second 
pass band, and amplification means for boosting the 
amplitude levels of the first and second filtered output 
signals, and for combining the first and second filtered 
output signals with the sound signals to generate ener- 
gy-corrected sound signals, the energy corrected- 
sound signals creating the apparent sound image when 
reproduced through the acoustic transducer. 

In another embodiment, the second filtered output 
signal is inverted by the amplification means when com- 
bined with the first filtered output signal and the sound 
signals. In yet another embodiment, the first and second 
audio filters are high-pass filters, the first transition band 
having a frequency range between approximately 100 



Hz and 1 000 Hz, and the second transition band having 
a frequency range between approximately 1000 Hz and 
10 kHz. 

In additional embodiment, the electronic device f ur- 

s ther comprises means for spatially enhancing the ener- 
gy-corrected sound signals, the energy-corrected 
sound signals comprising a left energy-corrected signal 
and a right energy-corrected signal. The means for spa- 
tially enhancing comprises means for generating a sum 

10 signal representing the sum of the energy-corrected left 
and right signals, means for generating a difference sig- 
nal representing the difference between the energy-cor- 
rected left signal and the energy-corrected right signal, 
an equalizer for boosting components of the difference 

15 signal within a first and second range of frequencies rel- 
ative to components of the difference signal within a 
third range of frequencies to create a processed differ- 
ence signal, the third range of frequencies greater than 
the first range of frequencies and less than the second 

20 range of frequencies, and means for combining the sum 
signal and the processed difference signal to create 
spatially-enhanced left and right output signals. 

In another embodiment, the sound signals com- 
prise left and right signals, and the amplification means 

25 comprises a first amplifier for boosting left signal com- 
ponents of the filtered output signals, and a second am- 
plifier for boosting right signal components of the filtered 
output signals, the first and second amplifiers applying 
a varying level of boost to the filtered output signals, the 

30 level of boost adjustable through first and second 
ganged variable resistors, the first and second ganged 
variable resistors transferring the filtered output signals 
to the amplification means. 

An additional aspect of the invention also provides 

35 a method of processing an audio signal to compensate 
for distortion of sound-energy when the audio signal is 
reproduced through speakers in a sound system. The 
method of this aspect of the invention comprises the fol- 
lowing steps: (a) creating a first filtered audio signal, the 

40 first filtered audio signal characterized by a first transi- 
tion band and a first pass band of frequencies, (b) cre- 
ating a second filtered audio signal, the second filtered 
audio signal characterized by a second transition band 
and a second pass band of frequencies, (c) boosting 

45 amplitude components of the first filtered audio signal 
as a function of frequency within the first transition band, 

(d) boosting amplitude components of the first filtered 
audio signal by a fixed amount within the first pass band, 

(e) modifying amplitude components of the second fil- 
50 tered audio signal as a function of frequency within the 

second transition band, (f) modifying amplitude compo- 
nents of the second filtered audio signal by a fixed 
amount within the second pass band, (g) combining the 
boosted first filtered audio signal and the modified sec- 
55 ond filtered audio signal to create a spatially corrected 
audio signal to create a corrected sound image when 
the spatially corrected audio signal is reproduced 
through the speakers, and (h) spatially enhancing the 
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corrected audio signal to broaden the corrected sound 
image. 

fn another embodiment, the first transition band is 
a frequency range below approximately 1000 hertz, the 
first pass band comprises frequencies above approxi- 
mately 1000 hertz, the second transition band is a fre- 
quency range of approximately 1000 hertz to 10,000 
hertz, and the second pass band comprises frequencies 
above approximately 10,000 hertz. In another embodi- 
ment, the step of spatially enhancing the corrected au- 
dio signal comprises the following steps: (a) generating 
a difference signal representing the stereo information 
content of the spatially corrected audio signal, and (b) 
altering the difference signal to create a processed dif- 
ference signal by applying a perspective equalization 
curve to the difference signal, the perspective equaliza- 
tion curve characterized by a maximum-gain turning 
point occurring at a maximum-gain frequency within a 
first frequency range of approximately 100 to 200 hertz 
and the curve characterized by a minimum-gain turning 
point occurring at a minimum-gain frequency within a 
second frequency range of approximately 1680 to 5000 
hertz. 

Another aspect of the present invention provides a 
method of compensating for acoustic spatial distortion 
perceived by a listener within an audio reproduction en- 
vironment when an audio signal is reproduced through 
a speaker system also positioned within the reproduc- 
tion environment. The method comprises the following 
steps: (a) separating the audio signal into a first group 
of signal components within a first frequency range and 
a second group of components within a second frequen- 
cy range, the first group of signal components contained 
within a first frequency range below approximately 1 000 
Hertz and the second group of signal components con- 
tained within a second frequency range above approx- 
imately 1000 Hertz, (b) boosting amplitude levels of the 
first group of signal components as a function of fre- 
quency over the first frequency range to create a first 
modified group of signal components, (c) adjusting am- 
plitude levels of the second group of components as a 
function of frequency over the second frequency range 
to create a second modified group of signal compo- 
nents, and (d) combining the first modified group of sig- 
nal components with the second modified group of sig- 
nal components to create an energy-corrected audio 
output signal. 

In another embodiment, the second modified group 
of signal components are attenuated with respect to the 
second group of signal components. In yet another em- 
bodiment, the method further comprises the step of 
boosting amplitude levels of the audio signal within the 
second frequency range by a substantially fixed amount 
over the second frequency range, the fixed amount cor- 
responding to a maximum level of boost applied to the 
first group of signal components. 



Brief Description of the Drawings 

The above and other aspects, features, and advan- 
tages of the present invention will be more apparent 
s from the following particular description thereof present- 
ed in conjunction with the following drawings, wherein: 
Figure 1 is a schematic block diagram of a stereo 
image correction circuit operatrvely connected to a ster- 
eo enhancement circuit for creating a realistic stereo im- 
age from a pair of input stereo signals. 

Figure 2 is a diagram of a vehicle, as viewed from 
the side, showing the placement of speakers within the 
interior portion of the vehicle. 

Figure 3 is a diagram of the vehicle in Figure 2, as 
viewed from the top, showing the placement of speakers 
within the interior portion of the vehicle. 

Figure 4A is a graphical representation of a desired 
sound-pressure versus frequency characteristic for an 
audio reproduction system. 

Figure 4B is a graphical representation of a sound- 
pressure versus frequency characteristic corresponding 
to a first audio reproduction environment. 

Figure 4C is a graphical representation of a sound 
pressure versus frequency characteristic corresponding 
to a second audio reproduction environment. 

Figure 4D is a graphical representation of a sound 
pressure versus frequency characteristic corresponding 
to a third audio reproduction environment. 

Figure 5 is a schematic block diagram of an energy- 
correction circuit operatrvely connected to a stereo im- 
age enhancement circuit for creating a realistic stereo 
image from a pair of input stereo signals. 

Figure 6A is a graphical representation of the vari- 
ous levels of signal modification provided by a low-fre- 
quency correction circuit in accordance with a preferred 
embodiment. 

Figure 6B is a graphical representation of the vari- 
ous levels of signal modification provided by a high-fre- 
quency correction circuit for boosting high-frequency 
components of an audio signal in accordance with a pre- 
ferred embodiment. 

Figure 6C is a graphical representation of the vari- 
ous levels of signal modification provided by a high-fre- 
quency correction circuit for attenuating high-frequency 
components of an audio signal in accordance with a pre- 
ferred embodiment. 

Figure 6D is a graphical representation of a com- 
posite energy-correction curve depicting the possible 
ranges of sound-pressure correction for relocating a 
stereo image. 

Figure 7 is a graphical representation of various lev- 
els of equalization applied to an audio difference signal 
to achieve varying amounts of stereo image enhance- 
ment. 

Figure 8 A is a diagram depicting the perceived and 
actual origins of sounds heard by a listener from speak- 
ers placed at a first location. 

Figure 8B is a diagram depicting the perceived and 
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actual origins of sounds heard by a listener from speak- 
ers placed at a second location. 

Figure 9 is a schematic diagram of an energy-cor- 
rection circuit for altering the sound pressure level of an 
audio signal across a broad frequency range. 

Figure 10 is a schematic diagram of a stereo image 
enhancement circuit for use in conjunction with the en- 
ergy- correction circuit of Figure 9. 

Figure 11 is a schematic diagram of an alternative 
embodiment of a stereo image enhancement circuit for 
use in conjunction with the energy-correction circuit of 
Figure 9. 

Figure 12 is a schematic diagram of a bass-boost 
circuit for use in an alternative embodiment of the 
present invention. 

Figure 13 is a diagram of a first alternative audio 
reproduction environment suitable for application of the 
present invention. 

Figure 14 is a perspective view of a second alter- 
native audio reproduction environment suitable for ap- 
plication of the present invention. 

Detailed Description of the Preferred Embodiment 

Referring initially to Figure 1 , a block diagram show- 
ing a preferred embodiment of the present invention is 
shown. Specifically, an acoustic correction apparatus 20 
comprises an stereo image correction circuit 22 coupled 
to a stereo image enhancement circuit 24. The image 
correction circuit 22 inputs a left stereo signal 26 and a 
right stereo signal 28. An image-corrected left stereo 
signal, L c , and right stereo signal, f%, are transmitted to 
the stereo image enhancement device 24 along paths 
27 and 29, respectively. The stereo image enhancement 
circuit 24 processes the signals, and R c , and provides 
a left output signal 30 and a right output signal 32. The 
output signals 30 and 32 may in turn be connected to 
some other form of signal conditioning circuit, or they 
may be connected directly to speakers (not shown). 

In a preferred embodiment of the present invention, 
the stereo image correction circuit 22 and the stereo im- 
age enhancement circuit 24 will operate in conjunction 
to overcome acoustic deficiencies of a sound reproduc- 
tion environment. Such sound reproduction environ- 
ments may be as large as a theater complex or as small 
as a portable electronic keyboard. One such environ- 
ment where the advantages of the present invention are 
particularly effective is the interior of an automobile. 

Referring now to Figure 2, a vehicle 40 having an 
audio reproduction system is depicted to display, in a 
side-cutaway view, the interior seating arrangements 
and speaker placements of the vehicle 40. Similarly, in 
Figure 3, the same speaker placements for the audio 
reproduction system are shown from a top view. The in- 
terior of the vehicle 40 can be divided into a forward sec- 
tion 42 and a rear section 44. The sound system of the 
vehicle 40 includes a pair of door-mounted speakers 46 
mounted near the legs or feet of a forward-section oc- 



cupant 48. Similarly, the rear section 44 of the vehicle 
40 also includes a pair of door-mounted speakers 50. 
The locations of the speaker pairs 46 and 50 within the 
door panels is a popular choice of automobile manuf ac- 

5 turers. In some vehicles, however, the door-mounted 
speakers 46 and 50 may be replaced by or supplement- 
ed with speakers 52 mounted on the rear parcel tray 54. 

In addition, some automobile stereo systems have 
separate speaker locations to reproduce mid-range or 

10 lower-frequency sounds at different locations than 
sounds of higher frequencies. The vehicle 40 of Figure 
2 demonstrates such a stereo system. Specifically, a 
pair of high-frequency speakers 56, i.e., tweeters, are 
mounted above the occupant 48. The mounting position 

75 of the speakers 56 is often intended to avoid distortion 
and interference of the high- frequency sounds which 
may occur from objects within the vehicle 40. The loca- 
tion of the speakers 56 is possible due to the small size 
of tweeters. 

20 Apart from the speaker positions shown in Figure 
2, there are various other possible locations where 
speakers may be placed in an automobile by either a 
manufacturer or by an aftermarket specialist. For exam- 
ple, speakers may be placed within the dashboard 55 
25 or in other areas of the door panels 58. Regardless of 
the type of automobile stereo system, or the placement 
of speakers therein, it is desirable to achieve a frontal 
stereo image from the stereo system with respect to a 
listener situated within the vehicle. 
30 Figure 4A depicts a graphical representation of a 
desired frequency response characteristic, appearing at 
the outer ears of a listener, within an audio reproduction 
environment. The curve 60 is a function of sound pres- 
sure level (SPL), measured in decibels, versus frequen- 
ts cy. As can be seen in Figure 4 A, the sound pressure 
level is relatively constant for all audible frequencies. 
The curve 60 can be achieved from reproduction of pink 
noise through a pair of ideal speakers placed directly in 
front of a listener at approximately ear level. Pink noise 
40 refers to sound delivered over the audiofrequency spec- 
trum having equal energy per octave. In practice, the 
flat frequency response of the curve 60 may fluctuate in 
response to inherent acoustic limitations of speaker sys- 
tems. 

45 The curve 60 represents the sound pressure levels 
that exist before processing by the ear of a listener. Re- 
ferring back to Figures 2 and 3, the flat frequency re- 
sponse represented by the curve 60 is consistent with 
sound emanating towards the occupant 48, from the lo- 
se cation of the dashboard 55, in the direction A as shown. 
The human ear processes such sound, as represented 
by the curve 60, by applying its own auditory response 
to the sound signals. This human auditory response is 
dictated by the outer pinna and the interior canal por- 
55 tions of the ear. 

Unfortunately, the frequency response characteris- 
tics of many automotive sound reproduction systems do 
not provide the desired characteristic shown in Figure 
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4A. On the contrary, speakers may be placed in acous- 
tically-undesirable locations to accommodate other er- 
gonomic requirements. Referring again to Figure 2, the 
door-mounted speakers 46 and 50 are positioned at a 
convenient and unobtrusive location. However, in such 
a position, sound emanating from the speakers 46 and 
50 may be spectrally distorted by the mere placement 
of the speakers 46 and 50 with respect to the occupant 
48. Moreover, the interior surroundings of the automo- 
bile 40, such as the legs of the occupant 48 and the au- 
tomobile seats 45, may lead to absorption, or amplitude 
distortion, of the resulting sound signals. Such absorp- 
tion, which is often prevalent among higher frequencies, 
has been the focus of some audio enhancements sys- 
tems of the prior art. 

As a result of both spectral and amplitude distortion, 
a stereo image perceived by the occupant 48 is spatially 
distorted providing an undesirable listening experience. 
Figures 4B-4D graphically depict levels of spatial distor- 
tion for various automotive sound reproduction systems. 
The distortion characteristics depicted in Figures 4B-4D 
represent sound pressure levels, measured in decibels, 
which are present near the ears of a listener. 

The frequency response curve 64 of Figure 4B has 
a decreasing sound-pressure level at frequencies 
above approximately 100 Hz. The curve 64 represents 
a possible sound pressure characteristic generated 
from speakers, containing both woofers and tweeters, 
which are mounted in an automobile below a listener. 
For example, assuming the speakers 46 of Figure 2 con- 
tain tweeters, an audio signal played through only such 
speakers 46 might exhibit the response of Figure 4B. 
Assuming the sound pressure response of Figure 4B is 
obtained in the automobile of Figure 2, the occupant 48 
will localize a resulting sound image in the lower portion 
of the forward section 42. 

The particular slope associated with the decreasing 
curve 46 will likely vary, and may not be entirely linear, 
depending on the automobile's interior, the quality of the 
speakers, and the exact positioning of the speakers 
within the door panels 58. For example, a leather or vinyl 
interior will be more reflective of audio signals, particu- 
larly at higher frequencies, than a cloth interior. The level 
of spectral distortion will vary significantly as speakers 
are placed further from, and positioned away from, a lis- 
tener. 

Figure 4C is a graphical representation of a sound- 
pressure versus frequency characteristic 68 wherein a 
first frequency range of audio signals are spectrally dis- 
torted, but a higher frequency range of the signals are 
not distorted. The characteristic curve 68 may be 
achieved from a speaker arrangement having low to 
mid-frequency speakers placed below a listener and 
high-frequency speakers positioned near, or at a listen- 
er's ear level. Referring again to Figure 2, such low to 
mid-frequency speakers would correspond to the 
speakers 46, while such high-frequency speakers (not 
shown) would be placed somewhere on the dashboard 



55. With this arrangement, the frequency response 
curve 68 has a maximum amplitude level at approxi- 
mately 100 Hz which decreases as a function of fre- 
quency up to approximately 1000 Hz. At 1000 Hz, the 

& curve 68 again increases up to the maximum amplitude 
level. The increase in sound pressure level above 1000 
Hz is a direct result of tweeters placed in an unobstruct- 
ed position in front of the vehicle's occupant 48. The 
sound image resulting from the characteristic curve 68 

10 will have a low-frequency component positioned below 
the occupant 48 of Figure 2, and a high-frequency com- 
ponent positioned near the occupant's ear level. 

Figure 4D is a graphical representation of a sound- 
pressure versus frequency characteristic 70 having a re- 

is duced sound pressure level among lower frequencies 
and an increasing sound pressure level among higher 
frequencies. The characteristic 70 is achieved from a 
speaker arrangement having mid to low-frequency 
speakers placed below a listener and high-frequency 

20 speakers positioned above a listener. Such an arrange- 
ment corresponds to an audio system including the 
speakers 46 and 56 of Figure 2. Having tweeters placed 
above the ear in the roof of a car provides an unobstruct- 
ed and relatively short path directly to an occupant's 

25 ears. Hence, as the curve 70 of Figure 4D indicates, the 
sound pressure level at frequencies above 1 000 Hz may 
be significantly higher than lower frequencies, creating 
an undesirable audio effect for a nearby listener. The 
sound image resulting from the characteristic curve 70 

30 will have a low-frequency component positioned below 
the occupant 48 of Figure 2, and a high-frequency com- 
ponent positioned above the occupant 48. 

The audio characteristics of Figures 4B-4D repre- 
sent various sound pressure levels obtainable within the 

35 forward section 42 (shown in Fig. 2) and heard by the 
occupant 48. In an automotive reproduction environ- 
ment having a forward and a rear section, it is possible 
to readjust a sound image within each section. Most au- 
tomobiles are equipped with separate front and rear 

40 channels allowing for such separate signal correction. 
The signal conditioning required to correct for spatial 
distortion in the rear section 44 will depend on the par- 
ticular speaker locations. For example, the speakers 50 
of Figure 2 would require substantially the same level of 

45 spatial correction as the pair of speakers 46. This is true 
because the speakers 46 and 50 are situated in identical 
positions with respect to a forward occupant 48 and a 
rear occupant, respectively. If however, the rear channel 
speakers consist of, or additionally include, the upward 

50 facing speakers 52, then a different level of conditioning 
will be applied, if any, to correct for spatial distortion in 
the rear listening compartment of the vehicle 40. 

The audio response curves of Figures 4B-4D are 
but a few examples of how audio signals present at the 

55 ears of a listener are distorted by various audio repro- 
duction systems. The exact level of spatial distortion at 
any given frequency will vary widely depending on the 
reproduction system and the reproduction environment. 
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Through application of a preferred embodiment of the 
present invention as discussed herein, an apparent lo- 
cation can be generated for a speaker system defined 
by apparent elevation and azimuth coordinates, with re- 
spect to a fixed listener, which are different from those 
of actual speaker locations. 

Figure 5 discloses a detailed block diagram of a pre- 
ferred embodiment of the present invention. A preferred 
embodiment comprises a stereo image correction circuit 
22 which inputs the left and right stereo signals 26 and 
28. The image-correction circuit 22 corrects the distort- 
ed spectral densities of various sound systems by ad- 
vantageously dividing the audible frequency spectrum 
into a first frequency component, containing relatively 
lower frequencies, and a second frequency component, 
containing relatively higher frequencies. Each of the left 
and right signals 26 and 28 is separately processed 
through corresponding low-frequency correction circuits 
80, 82, and high-frequency correction circuits 84 and 86. 
It should be pointed out that in a preferred embodiment 
the correction circuits 80 and 82 will operate in a rela- 
tively "tow" frequency range of approximately 100 to 
1000 hertz, while the correction circuits 84 and 86 will 
operate in a relatively "high" frequency range of approx- 
imately 1000 to 10,000 hertz. This is not to be confused 
with the general audio terminology wherein low frequen- 
cies represent frequencies up to 1 00 hertz, mid frequen- 
cies represent frequencies between 100 to 4 kHz, and 
high frequencies represent frequencies above 4 kHz. 

By separating the lower and higher frequency com- 
ponents of the input audio signals, corrections in sound 
pressure level can be made in one frequency range in- 
dependent of the other. The correction circuits 82, 84, 
86, and 88 modify the input signals 26 and 28 to correct 
for spectral and amplitude distortion of the input signals 
upon reproduction by speakers. The resultant signals, 
along with the original input signals 26 and 28, are com- 
bined at respective summing junctions 90 and 92. The 
corrected left stereo signal, L,,, and the corrected right 
stereo signal, 1%, are provided along outputs 94 and 96, 
respectively. 

The corrected stereo signals at outputs 94 and 96 
have aflat, i.e., uniform, frequency response appearing 
at the ears of the occupant 48 (shown in Fig. 2). This 
spatially-corrected response creates an apparent 
source of sound which, when played through the speak- 
ers 46 of Figure 2, is seemingly positioned directly in 
front of the occupant 48. Once the sound source is prop- 
erly positioned through energy correction of the audio 
signal, the stereo enhancement circuit 24 conditions the 
stereo signals to broaden the stereo image emanating 
from the apparent sound source. As will be discussed 
in conjunction with Figures 8A and 8B, the stereo image 
enhancement circuit 24 may require adjustment through 
a stereo orientation device 130 to compensate for the 
actual location of the sound source. 

In a preferred embodiment, the stereo enhance- 
ment system 24 equalizes the difference signal informa- 



tion present in the left and right stereo signals. The ster- 
eo enhancement system 24 disclosed herein is similar 
to that disclosed in the copending application Serial 
Number 08/430,751. Related stereo enhancement sys- 

s terns for use in the present invention are also disclosed 
in U.S. Patent Nos. 4,748,669 and 4,866,774 both is- 
sued to Arnold Klayman, one of the same inventors of 
the invention disclosed in the present application. The 
disclosures of U.S. Patent No. 4,748,669, U.S. Patent 

10 No. 4,866,774, and application serial number 
08/430,751 are incorporated by reference as though ful- 
ly set forth herein. 

The signals, 1^ and transmitted along paths 94 
and 96 are inputted by the enhancement system 24 and 

is fed to a high-pass filter 98. The filter 98 may in actuality 
comprise two individual high-pass filters. The filter 98 is 
a pre-conditioning filter which is designed to reduce the 
bass components below approximately 100 hertz which 
may be undesirably present in the difference signal. The 

20 outputs from the fitter 98 are transmitted to a difference- 
signal generator 100. A difference signal (1^-1%) repre- 
senting the stereo content of the corrected left and right 
input signals, is presented at an output 102. The outputs 
from the stereo image correction circuit 22 are also 

25 transmitted directly to a sum signal generator 104. A 
sum signal, (Lc+Fy representing the sum of the correct- 
ed left and right stereo signals is generated at an output 
106. 

The sum and difference signals at outputs 102 and 

30 1 06 are fed to separate level-adjusting devices 1 08 and 
110, respectively. The devices 108 and 110 are ideally 
potentiometers or similar variable-impedance devices. 
Adjustment of the devices 108 and 110 is typically per- 
formed manually to control the base level of sum and 

35 difference signal present in the output signals. This al- 
lows a user to tailor the level and aspect of stereo en- 
hancement according to the type of sound reproduced, 
and depending on the user's personal preferences. An 
increase in the base level of the sum signal emphasizes 

40 the audio information at a center stage positioned be- 
tween a pair of speakers. Conversely, an increase in the 
base level of difference signal emphasizes the ambient 
sound information creating the perception of a wider 
sound image. In some audio arrangements where the 

45 music type and system configuration parameters are 
known, or where manual adjustment is not practical, the 
adjustment devices 108 and 110 may be eliminated re- 
quiring the sum and difference-signal levels to be pre- 
determined and fixed. 

50 The output of the device 1 1 0 is fed into a stereo en- 
hancement equalizer 1 20 at an input 1 22. The equalizer 
120 spectrally shapes the difference signal appearing 
at the input 1 22 by separately applying a low-pass audio 
filter 124 and a high-pass audio filter 126 to the differ- 

55 ence signal. In addition to the conditioning provided by 
filters 124 and 126, the difference-signal level is sepa- 
rately adjusted by a stereo orientation circuit 130. Out- 
put signals from the filters 1 24, 1 26, and the orientation 
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circuit 130 exit the equalizer 120 along paths 132, 134, 
and 136, respectively. 

The modified difference signals transferred along 
paths 1 32, 1 34, and 1 36 are the components of a proc- 
essed difference signal, (L^-F^Jp, appearing along an 
output 140. The processed difference signal is fed into 
a mixer 142, which also receives the sum signal from 
the device 106, as well as the stereo signals and 
from outputs 94 and 96. All of these signals are com- 
bined within the mixer 142 to produce an enhanced and 
spatially-corrected left output signal 30 and right output 
signal 32. 

The conditioning of the left and right output signals 
30 and 32 provided by the enhancement circuit 24 is 
represented by the following mathematical formulas: 

L out = L c + K 1 ( L c + R c) + Ka(L 0 - R c ) p (1 ) 

R out = R c + K 1 < L c + R c) * K 2 ( L c • R cV ( 2 ) 

Although the input signals L c and in the equa- 
tions above ideally represent corrected stereo source 
signals, they may also be synthetically generated from 
a monophonic source. One such method of stereo syn- 
thesis which may be used with the present invention is 
disclosed in U.S. Patent No. 4,841,572, also issued to 
Arnold Klayman and incorporated herein by reference. 

IMAGE CORRECTION CHARACTERISTICS 

Figures 6A-6C are graphical representations of the 
levels of spatial correction provided by "low" and ■high"- 
frequency correction circuits 80, 82, 84, 86 in order to 
obtain a relocated image generated from a pair of stereo 
signals. 

Referring initially to Figure 6A, possible levels of 
spatial correction provided by the correction circuits 80 
and 82 are depicted as curves having different ampli- 
tude-versus-frequency characteristics. The maximum 
level of correction, or boost (measured in dB), provided 
by the circuits 80 and 82 is represented by a correction 
curve 150. The curve 150 provides an increasing level 
of boost within a first frequency range of approximately 
100 Hz and 1000 Hz. At frequencies above 1000 Hz, 
the level of boost is maintained at a fairly constant level. 
A curve 152 represents a near-zero level of correction. 

To those skilled in the art, a typical filter is usually 
characterized by a pass-band and stop-band of frequen- 
cies separated by a cutoff frequency. The correction 
curves, of Figures 6A-6C, although representative of 
typical signal filters, can be characterized by a pass- 
band, a stop-band, and a transition band. A filter con- 
structed in accordance with the characteristics of Figure 
6 A has a pass-band above approximately 1000 Hz, a 
transition-band between approximately 100 and 1000 



Hz, and a stop-band below approximately 100 Hz. Fil- 
ters according to figures 6B and 6C have pass-bands 
above approximately 10 kHz, transition-bands between 
approximately 1 kHz and 1 0 kHz, and a stop-band below 
s approximately 1 kHz. Because the filters used in accord- 
ance with a preferred embodiment are only first-order 
filters, the frequencies defining the pass, stop, and tran- 
sition bands are only design goals. The exact charac- 
teristic frequencies may vary significantly for a given cir- 
cuit. 

As can be seen in Figures 6A-6C, spatial correction 
of an audio signal by the circuits 80, 82, 84, and 86 is 
substantially uniform within the pass-bands, but is large- 
ly frequency-dependent within the transition bands. The 
amount of acoustic correction applied to an audio signal 
can be varied as a function of frequency through adjust- 
ment of the stereo image correction circuit 22 which var- 
ies the slope of the transition bands of Figures 6A-6C. 
As a result, frequency-dependent correction is applied 
to a first frequency range between 100 and 1000 hertz, 
and applied to a second frequency range of 1000 to 
1 0,000 hertz. An infinite number of correction curves are 
possible through independent adjustment of the correc- 
tion circuits 80, 82, 84 and 86. 

In accordance with a preferred embodiment, spatial 
correct ion of the higher frequency stereo-signal compo- 
nents occurs between approximately 1000 Hz and 
10,000 Hz. Energy correction of these signal compo- 
nents may be positive, i.e., boosted, as depicted in Fig- 
ure 6B, or negative, i.e., attenuated, as depicted in Fig- 
ure 6C. The range of boost provided by the correction 
circuits 84, 86 is characterized by a maximum-boost 
curve 1 60 and a minimum-boost curve 1 62. Curves 1 64, 
166, and 168 represent still other levels of boost which 
may be required to spatially correct sound emanating 
from different sound reproduction systems. 

Figure 6C depicts energy-correction curves that are 
essentially the inverse of those in Figure 6B. As previ- 
ously discussed, attenuation of higher frequency sound 
signals may be required in cases where tweeters are 
mounted above a listener and apart from the corre- 
sponding woofers or mid-range speakers. The levels of 
attenuation obtainable from the circuits 84 and 86 may 
vary from a maximum level of attenuation, represented 
by a curve 170, to a minimum level of attenuation, rep- 
resented by a curve 1 72. Intermediate curves 1 74, 1 76, 
and 178 represent some of the possible variances ther- 
ebetween. 

Since the lower frequency and higher frequency 
correction factors, represented by the curves of Figures 
6A-6C, are added together, there is a wide range of pos- 
sible spatial correction curves applicable between the 
frequencies of 100 to 10,000 Hz. Figure 6D is a graph- 
ical representation depicting a range of composite spa- 
tial correction characteristics provided by the stereo im- 
age correction circuit 22. Specifically, the solid line curve 
180 represents a maximum level of spatial correction 
comprised of the curve 150 (shown in Fig. 6A) and the 
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curve 160 (shown in Fig. 6B). Correction of the lower 
frequencies may vary from the solid curve 160 through 
the range designated by ft,. Similarly, correction of the 
higher frequencies may vary from the solid curve 180 
through the range designated by 0 2 . Accordingly, the 5 
amount of boost applied to the first frequency range of 
100 to 1000 hertz varies between approximately 0 and 
15 dB, while the correction applied to the second fre- 
quency range of 1000 to 10,000 hertz may vary from 
approximately 30 dB to -15 dB. 

IMAGE ENHANCEMENT CHARACTERISTICS 

Turning now to the stereo image enhancement as- 
pect of the present invention, a series of perspective- 
enhancement, or normalization curves, is graphically 
represented in Figure 7. The signal (L^-RJp in equations 
1 and 2 above represents the processed difference sig- 
nal which has been spectrally shaped according to the 
frequency-response characteristics of Figure 7. These 
frequency-response characteristics are applied by the 
equalizer 120 depicted in Figure 5 and are partially 
based upon HRTF principles. 

In general, selective amplification of the difference 
signal enhances any ambient or reverberant sound ef- 
fects which may be present in the difference signal but 
which are masked by more intense direct-field sounds. 
These ambient sounds are readily perceived in a live 
sound stage at the appropriate level. In a recorded per- 
formance, however, the ambient sounds are attenuated 
relative to a live performance. By boosting the level of 
difference signal derived from a pair of stereo left and 
right signals, a projected sound image can be broad- 
ened significantly when the image emanates from a pair 
of loudspeakers placed in front of a listener. 

The perspective curves 1 90, 1 92, 1 94, 1 96, and 1 98 
of Figure 7 are displayed as a function of gain against 
audible frequencies displayed in log format. The differ- 
ent levels of equalization between the curves of Figure 
7 are required to account for various audio reproduction 
systems. Specifically, in a preferred embodiment, the 
level of difference-signal equalization is a function of the 
actual placement of speakers relative to a listener-within 
an audio reproduction system. The curves 190, 192, 
194, 196, and 198 generally display a frequency con- 
touring characteristic similar to that described in detail 
in the copending application Serial Number 08/430,751 . 
That is, lower and higher difference-signal frequencies 
are boosted relative to a mid-band of frequencies. 

According to a preferred embodiment, the range for 
the perspective curves of Figure 7 is defined by a max- 
imum gain of approximately 1 0-1 5 dB located at approx- 
imately 125 to 150 Hz. The maximum gain values de- 
note a turning point for the curves of Figure 7 whereby 
the slopes of the curves 190, 192, 194, 196, and 198 
change from a positive value to a negative value. Such 
turning points are labelled as points A, B, C, D, and E 
in Figure 7. The gain of the perspective curves decreas- 



es below 125 Hz at a rate of approximately 6 dB per 
octave. Above 125 Hz, the gain of the curves of Figure 
7 also decreases, but at variable rates, towards a mini- 
mum-gain turning point of approximately -2 to +10 dB. 
The minimum-gain turning points vary significantly be- 
tween the curves 1 90, 1 92, 1 94, 1 96, and 1 98. The min- 
imum-gain turning points are labelled as points A', B', 
C\ D', and E\ respectively. The frequencies at which the 
minimum-gain turning points occur varies from approx- 
imately 2.1 kHz for curve 1 90 to approximately 5 kHz for 
curve 198. The gain of the curves 190, 192, 194, 196, 
and 1 98 increases above their respective minimum-gain 
frequencies up to approximately 10 Khz. Above 10 Khz, 
the gain applied by the perspective curves begins to lev- 
el off. An increase in gain will continue to be applied by 
all of the curves, however, up to approximately 20 Khz, 
i.e., approximately the highest frequency audible to the 
human ear. 

The preceding gain and frequency figures are 
merely design objectives and the actual figures will likely 
vary from circuit to circuit depending on the actual value 
of components used. Moreover, adjustment of the signal 
level devices 108 and 110 will affect the maximum and 
minimum gain values, as well as the gain separation be- 
tween the maximum-gain frequency and the minimum- 
gain frequency. 

Equalization of the difference signal in accordance 
with the curves of Figure 7 is intended to boost the dif- 
ference signal components of statistically lower intensity 
without overemphasizing the higher-intensity difference 
signal components. The higher-intensity difference sig- 
nal components of a typical stereo signal are found in a 
mid-range of frequencies between approximately 1 to 4 
kHz. The human ear has a heightened sensitivity to 
these same mid-range of frequencies. Accordingly, the 
enhanced left and right output signals 30 and 32 pro- 
duce a much improved audio effect because ambient 
sounds are selectively emphasized to fully encompass 
a listener within a reproduced sound stage. Although the 
overall equalization applied by the perspective curves 
1 90, 1 92, 1 94, 1 96, and 1 98 is accomplished using high- 
pass and low-pass filters of the equalizer 120, it is pos- 
sible to also use a band-rejection filter to provide the 
same signal conditioning. Also, implementation of the 
perspective curve by a digital signal processor will, in 
most cases, more accurately reflect the design con- 
straints discussed above. For an analog implementa- 
tion, it is acceptable if the frequencies corresponding to 
the maximum and minimum gains vary by plus or minus 
20 percent. Such a deviation from the ideal specifica- 
tions will still produce the desired stereo enhancement 
effect, although with less than optimum results. 

As can be seen in Figure 7, difference signal fre- 
quencies below 1 25 Hz receive a decreased amount of 
boost, if any, through the application of the perspective 
curve 70. This decrease is intended to avoid over-am- 
plification of very low, i.e., bass, frequencies. With many 
audio reproduction systems, amplifying an audio differ- 
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ence signal in this low-frequency range can create an 
unpleasurable and unrealistic sound image having too 
much bass response. Examples of such audio repro- 
duction systems include near-field or low-power audio 
systems, such as multimedia computer systems, as well 
as home stereo systems. A large draw of power in these 
systems may cause amplifier "clipping" during periods 
of high boost, or it may damage components of the audio 
circuit including the speakers. Limiting the bass re- 
sponse of the difference signal also helps avoid these 
problems in most near-field audio enhancement appli- 
cations. Further acoustic advantages of difference-sig- 
nal equalization are detailed in the copending applica- 
tion Serial No. 08/430,751 . 

In accordance with a preferred embodiment, the 
level of difference signal equalization in an audio envi- 
ronment having a stationary listener is dependent upon 
the actual speaker types and their locations with respect 
to the listener. The acoustic principles underlying this 
determination can best be described in conjunction with 
Figures 8A and 8B. Figures 8A and 8B are intended to 
show such acoustic principles with respect to changes 
in azimuth of a speaker system. 

Figure 8 A depicts a top view of a sound reproduc- 
tion environment having speakers 200 and 202 placed 
slightly forward of, and pointed towards, the sides of a 
listener 204. The speakers 200 and 202 are also placed 
below the listener 204 at a elevational position similar 
to that of the speakers 46 shown in Figure 2. Reference 
planes A and B are aligned with ears 206, 208 of the 
listener 204. The planes A and B are parallel to the lis- 
tener's line-of -sight as shown. 

It is assumed that sound reproduced by the speak- 
ers 200 and 202 within the audio environment of Figure 
8 A will suffer some spectral distortion andlor amplitude 
distortion before impinging upon the ears 206 and 208. 
Such distortion may, for example, be represented by the 
curve 64 shown in Figure 4B which when played through 
the speakers 200 and 202 creates a spatially distorted 
image. By compensating for the spectral distortion 
through use of the image correction circuit 22, an audio 
signal played through the speakers 200 and 202 will 
convey an apparent sound image to the listener 204. In 
the example of Figure 8A, the apparent sound image 
will have a different elevation than the actual sound 
source. Further, by applying the image enhancement 
aspects of the present invention, this apparent sound 
image will be spatially-enhanced to broaden the appar- 
ent image. The resulting image will correspond to an en- 
hanced image emanating from speakers 210 and 212 
depicted in phantom. 

Enhancement of the apparent sound image is ac- 
complished by selectively equalizing the difference sig- 
nal, i.e., the gain of the difference signal will vary with 
frequency. The curve 190 of Figure 7 represents the de- 
sired level of difference-signal equalization with actual 
speaker locations corresponding to the phantom speak- 
ers 210 and 212. However, when speakers are pointed 



inwardly towards a listener, like the speakers 200 and 
202 of Figure 8A, acoustic perceptions are significantly 
altered which requires a modified level of difference-sig- 
nal equalization. Specifically, direct-field sound emanat- 
s ing from the speakers 200 and 202 enters the listener's 
ears 206 and 208 at an angle 9 1 with respect to the ref- 
erence planes A and B. As the speakers are placed fur- 
ther forward the angle 8, decreases. Referring now to 
Figure 8B, a second sound reproduction system is 
shown having a pair of speakers 214 and 216 placed 
forward and below the listener 204. In this configuration, 
direct-field sound emanating from the speakers 214 and 
216 enters the listener's ears 206 and 208 at an angle 
of incidence 6^ which is smaller than 6 1 . 

Most speakers can be characterized by an angle of 
dispersion, or beaming characteristic, in which sound is 
radiated. The angle of dispersion for sounds of a given 
frequency will decrease as the frequency increases. As 
a consequence, the listener 204 begins to fall outside of 
the normal beaming aspects of the speakers 200 and 
202 as they are moved forward to the locations of Figure 
8B. When this occurs, the listener 204 will gradually lose 
perception of a mid-range and upper mid-range of fre- 
quencies. Moreover, this effect may be magnified with 
small speakers because smaller speakers typically 
have an angle of dispersion narrower than larger speak- 
ers. 

To compensate for the loss of mid to upper mid- 
range of audio frequencies, the gain of the difference 
signal is correspondingly boosted in the same frequency 
range. As the actual position of the speakers 200 and 
202 is moved forward, the mid-range gain compensa- 
tion must be increased. Because the perspective equal- 
ization curve 190 relatively attenuates this same mid 
band of frequencies, the level of attenuation is modified 
to account for the inwardly-projected speakers of Fig- 
ures 8A and 8B. Accordingly, the curve 196 of Figure 7 
may be used to spatially enhance the system of Figure 
8B to generate the apparent source of speakers 21 8 and 
220, while the curve 192 may be sufficient to spatially 
enhance the system of Figure 8A. By boosting the dif- 
ference signal among the mid-range, or upper mid- 
range frequencies, an apparent sound image can be 
property oriented with respect to the listener 204. Proper 
orientation of the sound image has the apparent effect 
of inwardly rotating the speakers 200, 202, 21 4 and 21 6 
to direct an apparent dispersion beam at the listener 
204. 

STEREO IMAGE CORRECTION CIRCUIT 

Figure 9 is a detailed schematic diagram of a pre- 
ferred embodiment of the stereo image correction circuit 
22. The circuit 22 is separated into a left signal correc- 
tion circuit 230 and a right signal correction circuit 232. 
The left and right correction circuits 230 and 232 are 
intended to perform the same signal conditioning upon 
their respective input signals 26 and 28. Accordingly, the 
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specifications for the left signal correction circuit 230 
should be identical to those of the right signal correction 
circuit 232. For purposes of simplicity, only the circuit 
connections and functional operations of the right signal 
correction circuit 232 will be explained. 

The right stereo signal 28 is input by the right signal 
correction circuit 232 and transferred to a variable resis- 
tor 234. The variable resistor 234, or potentiometer, is 
ganged to a similar variable resistor 236 in the left signal 
correction circuit 230. This is to ensure that any adjust- 
ments made to the right signal correction circuit 232, or 
vice versa, will affect both circuits 230 and 232 equally. 
The right stereo signal is also transmitted along a path 
238 to a terminal "1 " of a switch 240 which, depending 
upon the position of the switch 240, operates as a by- 
pass preventing any equalization of the stereo signal 28. 

From the variable resistor 234, the input signal is 
connected to a non-inverting input 242 of a first amplifier 
244. The inverting input 246 is connected to ground via 
a resistor 248 and is also connected to one end of a 
feedback resistor 250. An opposite end of the feedback 
resistor 250 is connected to an output 252 of the ampli- 
fier 244. 

The output 252 is transmitted to three separate lo- 
cations of the circuit 232. Specifically, the output 252 is 
connected to high-pass filtering circuits 258 and 260, 
and is also connected to a mixing circuit 264. With re- 
spect to circuit 258, the signal from the output 252 is 
transmitted through a capacitor 266 to a non-inverting 
input 268 of an amplifier 270. The input 268 is also con- 
nected to ground through a resistor 272. An inverting 
input 272 of the amplifier 270 is connected to both 
ground via resistor 274, and connected to an output 280 
of the amplifier 270 through a feedback resistor 276. The 
filtering circuit 260 is configured similarly to circuit 258 
with components 284, 286, 288, 290, 292, and 294. 

The output 280 and a corresponding output 294 of 
the amplifier 288 are fed to a pair of variable resistors 
282 and 296, respectively. The resistor 282 is ganged 
with a variable resistor 298 of the left signal correction 
circuit 230, while the variable resistor 296 is similarly 
ganged with a variable resistor 300. Each of the resis- 
tors 282 and 296 has a respective output 302 and 304. 

The mixing circuit 264 comprises an amplifier 306 
having a non-inverting input 308 connected to ground. 
Signals provided at the outputs 302, 304, and 252 enter 
the mixing circuit 264 and are transmitted to an inverting 
input 310 of the amplifier 306. Resistors 312, 314, and 
316 are connected between the inverting input 310 and 
the outputs 252, 302, and 304, respectively. In addition, 
the signal at the output 302 is transmitted to the amplifier 
306 via a switch 31 8 which may be a two-position man- 
ual or automatic selection switch. A feedback resistor 
320 connects the inverting input 310 to an output 322 of 
the amplifier 308. 

An amplifier 324 has a non-inverting input 326 con- 
nected to ground potential, and an inverting input 328 
connected to the output 322. In addition, the inverting 



input is connected to the switch 318 through a resistor 
330. The signal at output 302 is transmitted to the input 
328 via the resistor 330 when the switch 318 is in posi- 
tion 2. A resistor 332 and a capacitor 334 are connected 

s in parallel between the input 328 and an output 336 of 
the amplifier 324. The output 336 is in turn connected 
to a position "2" of the switch 240. The switch 240 is 
preferably ganged with a similar bypass switch 338. 
The left and right energy-correction circuits 230 and 

10 232 modify amplitude components of the input stereo 
signals to generate an energy-corrected left stereo sig- 
nal 340 and an energy-corrected right stereo signal 342. 
Again, for simplicity, reference will only be made to gen- 
eration of the energy-corrected right signal 342. It can 

15 be easily appreciated, however, that the same principles 
apply to generation of the energy-corrected left signal 
340. 

In operation, the stereo signal 2B is input and proc- 
essed by the circuit 232 to correct for distorted sound 

20 pressure levels created when the signal 28 is played 
through an audio reproduction system. Initially, the var- 
iable resistor 234 allows for adjustment of the input sig- 
nal level. Such an adjustment may be required to control 
the overall gain of the circuit 232, or in some instances 

25 to boost the input signal 28 if it has been attenuated sig- 
nificantly by a preceding circuit. The resistor 234 may 
be a standard 10 kohm clockwise potentiometer which 
is ganged with the variable resistor 236. 

The amplifier 244 is configured as a voltage follower 

30 to act as an isolation buffer between the input signal 28 
and the rest of the circuit 232. The buffered level-adjust- 
ed signal appearing at the output 252 is fed to the circuit 
258 where the signal is passed through a single-order 
high -pass filter having a corner frequency of approxi- 

35 mately 5 kHz. In a preferred embodiment, the high-pass 
filtering is accomplished by the RC combination of the 
capacitor 266 having an impedance of 3900 picofarads 
and the resistor 272 having an impedance of 10 kohms. 
The resultant high-pass filtered signal appearing at the 

40 input 268 is buffered through the amplifier 270 operating 
at unity gain. The amplitude of the signal appearing at 
the output 280 may then be increased or decreased by 
adjusting the variable resistor 282 accordingly. 

Similarly, the circuit 260 inputs the signal from the 

45 output 252 and processes the signal through the RC fil- 
ter combination of the capacitor 284 and the resistor 
286. The series connection of the capacitor 284 and the 
resistor 286 also operates as a high-pass filter but with 
a comer frequency of approximately 500 Hz. This is ob- 

50 tained by choosing an impedance of .022 microfarads 
for the capacitor 284 and a resistance of 10 kohms for 
the resistor 286. The filtered input signal is then buffered 
by the amplifier 288 and fed to the level-adjusting vari- 
able resistor 296. 

55 The filtered signals exiting the resistors 282 and 296 
are fed to the mixing circuit 264 along paths 302 and 
304, respectively. In addition, the original signal 28, af- 
fected only by a gain adjustment, is also transferred to 
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the mixer 264 via the resistor 312. The mixer combines 
all three inputted signals to generate an energy-correct- 
ed output signal. 

Various levels of spatial correction, as represented 
in Figures 6A-6C, are obtained through adjustment of 
the ganged resistor pairs 296/300 and 282/298. Specif- 
ically, the lower frequency correction curves of Figure 
6A can be obtained by measuring the gain at the output 
336 while the variable resistor 282, which affects higher 
frequency correction, is set to a minimum. In this setting, 
the switch 31 8 will be grounded and no correction of the 
higher frequencies will occur. Accordingly, the range of 
lower frequency correction is achieved by adjusting the 
resistor 296. In this manner, the inverting amplifier 306 
combines the filtered signal at the path 304 with the orig- 
inal signal from the output 52. The curve 152 of Figure 
6 A represents unity gain whereby the circuit 232 merely 
passes the input signal 28 without any spatial correction. 
This results when the resistor 296 is set at zero imped- 
ance thereby grounding the input 310 of the amplifier 
306. As the level of the resistor 296 is increased, more 
of the filtered signal is added to the original signal pro- 
viding spatial correction in the 100 to 1000 Hz range. 
When the resistor 296 is set at maximum resistance, full 
spatial correction among the lower frequencies is 
achieved as evidenced by the curve 150 of Figure 6A. 

The curves of Figure 6B represent those obtained 
by eliminating any correction applied by the circuit 260, 

1. e., setting the resistor 296 to zero impedance, and 
maintaining the switch 318 in position 1 as shown. Ad- 
justment of the variable resistor 282 provides the de- 
sired boost among higher frequencies as graphically 
represented in Figure 6B. Conversely, attenuation of the 
higher frequencies, as graphically represented by Fig- 
ure 6C, is obtained by setting the switch 318 in position 

2. In this position, the output from the filtering circuit 258 
is provided to a separate inverting amplifier 324. The 
amplifiers 306 and 324 then combine the filtered signals 
from the paths 302 and 304 in successive and inverted 
stages. Specifically, the signal from path .304 and the 
signal from the output 252 are first combined by the am- 
plifier 306. The resultant signal at the output 322, which 
is now inverted, is then combined with the output from 
the resistor 282. 

When combined by the amplifier 306, the gain of 
the filtered signals from the paths 302 and 304, relative 
to the input signal, is determined by the impedance ratio 
of the feedback resistors 320 and 332 with the resistors 
31 4 and 31 6. For most audio reproduction environments 
having distorted sound pressure levels, these resistors 
can be set to provide a maximum gain ratio of approxi- 
mately 3:1 for the filtered signals to the input signal. In 
a preferred embodiment, the resistors 320 and 332 will 
have an impedance of about 10 kohms while the resis- 
tors 314 and 31 6 have an impedance of approximately 
3.32 kohms. Through adjustment of the variable resis- 
tors 282 and 296, and through selection of the switch 
31 8, all of the levels of spatial correction represented in 



Figure 6D can be obtained. 

The circuit of Figure 9 represents only a preferred 
embodiment of a stereo image correction circuit. It can 
be appreciated by a person of ordinary skill in the art 

s that variations in the design of the circuit 22 may be 
made to account for specific reproduction environments 
without departing from the intended scope of the inven- 
tion. For example, the energy-correction frequency 
ranges of 0. 1 -1 kHz flow - frequency correction) and 1 

10 khz-10 kHz ("high" frequency correction) may be varied 
through selection of RC impedance combinations within 
the filter circuits 258 and 260. In some instances it may 
be desirable to have three or more such energy-correc- 
tion frequency ranges. It should also be noted that the 

75 capacitor 334 is intended to prevent oscillation in the 
circuit 22 which may result from stray capacitance 
present in a discrete implementation. The capacitor 334 
* may not be needed in a PC board or semiconductor im- 
plementation of the circuit 22. 

20 

STEREO IMAGE ENHANCEMENT CIRCUIT 

Figure 10 is a schematic diagram of the stereo im- 
age enhancement circuit 24. The circuit 24 is designed 

2S to broaden the stereo image of the corrected left and 
right signals and F^. In accordance with a preferred 
embodiment, the energy-corrected left signal 340 is fed 
to a resistor 350, a resistor 352, and a capacitor 354. 
The energy-corrected right signal 342 is fed to a capac- 

30 itor 356 and resistors 358 and 360. 

The resistor 350 is connected to a non-inverting ter- 
minal 362 of an amplifier 366. The same terminal 362 is 
also connected to the resistor 360 and a resistor 368. 
The amplifier 366 is configured as a summing amplifier 

35 having an inverting terminal 370 connected to ground 
via a resistor 372. An output 374 of the amplifier 366 is 
connected to the inverting terminal 370 via a feedback 
resistor 376. A sum signal (Lc+Rc), representing the sum 
of the left and right signals 340 and 342, is generated at 

40 the output 374 and fed to one end of a variable resistor 
378 which is grounded at an opposite end. For proper 
summing of the signals 340, 342 by the amplifier 366, 
the values of resistors 350, 360, 368, and 376 in a pre- 
ferred embodiment are approximately twice that of the 

45 resistor 372. 

A second amplifier 380 is configured as a "differ- 
ence" amplifier. The amplifier 380 has an inverting ter- 
minal 382 connected to a resistor 384 which is in turn 
connected in series to the capacitor 354. Similarly, a 

50 positive terminal 386 of the amplifier 380 receives the 
signal 340 through the series connection of a resistor 
388 and the capacitor 356. The terminal 386 is also con- 
nected to ground via a resistor 390. An output terminal 
392 of the amplifier 380 is connected to the inverting 

55 terminal through a feedback resistor 394. The output 
392 is also connected to a variable resistor 396 which 
is in turn connected to ground. Although the amplifier 
380 is configured as a "difference" amplifier, its function 
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may be characterized as the summing of the right input 
signal with the negative left input signal to generate a 
difference signal (L^-Fy. Accordingly, the amplifiers 366 
and 380 form a summing network for generating a sum 
signal and a difference signal, respectively. 

The two series connected RC networks comprising 
elements 354/384 and 356/388, respectively, operate 
as high-pass fitters which attenuate the very low, or 
bass, frequencies of the input signals and l\. These 
RC filters correspond to the device 9B of Figure 5. To 
obtain the proper frequency response according to the 
equalization curves of Figure 7, the cutoff frequency, 
tV c , or -3 dB frequency, for the device 98 should be ap- 
proximately 100 Hz, Accordingly, in a preferred embod- 
iment, the capacitors 354 and 356 will have a capaci- 
tance of .1 micro-farad and the resistors 384, 388 will 
have an impedance of approximately 33.2 kohms. Then, 
by choosing values for the feedback resistor 394 and 
the attenuating resistor 390 such that: 

^120 ff 11G /ox 



the output 392 will represent the difference signal am- 
plified by a gain of two. The phase of the signal at the 
output 392 will actually be inverted providing the signal 

The particular phase of the difference signal is rel- 
evant when determining the final makeup of the output 
signal. As is common in the art, use of the term "differ- 
ence signal" herein denotes both Lc-Rc and R c -L c , which 
are merely 180 degrees out-of-phase. As can be appre- 
ciated by one of ordinary skill in the art, the amplifier 380 
could be configured so that the "left" difference signal, 
L^-Rc, appears at the output 392, instead of Rc-Lc, as 
long as the difference signals at the left and right outputs 
remain out-of-phase with respect to each other. 

As a result of the high-pass filtering of the inputs, 
the difference signal at the output 392 will have attenu- 
ated low-frequency components below approximately 
125 Hz decreasing at a rate of 6 dB per octave. It is 
possible to filter the low frequency components of the 
difference signal within the equalizer 120 (shown in Fig- 
ure 5), instead of using the filter 98. However, because 
the filtering capacitors at low frequencies must be fairly 
large, it is preferable to perform this filtering at the input 
stage to avoid loading of the preceding circuit. 

The variable resistors 378 and 396, which may be 
simple potentiometers, are adjusted by placement of 
wiper contacts 400 and 402, respectively. The level of 
difference signal present in the resultant output signals 
may be controlled by manual, remote, or automatic ad- 
justment of the wiper contact 402. Similarly, the level of 
sum signal present in the enhanced output signals is de- 
termined in part by the position of the wiper contact 400. 
The setting of the contact 402 is referred to by the ap- 
plicant as the "SPACE" control for the resulting sound 



image, while the setting of the contact 400 is the "CENT- 
ER" control. 

The sum signal present at the wiper contact 400 is 
fed to an inverting input 404 of a third amplifier 406 
5 through a series-connected resistor 408. The same sum 
signal at the wiper contact 400 is also fed to an inverting 
input 410 of a fourth amplifier 412 through a separate 
series-connected resistor 414. The amplifier 406 is con- 
figured as a difference amplifier with the inverting termi- 
nal 404 connected to ground through a resistor 41 6. An 
output 418 of the amplifier 406 is also connected to the 
inverting terminal 404 via a feedback resistor 420. 

A positive terminal 422 of the amplifier 406 is a sum- 
ming junction for a group of signals along signal paths 
426. The terminal 422 is also connected to ground via 
a resistor 424. The level-adjusted difference signal is 
transmitted from the wiper contact 402 and split through 
paths 428, 430, and 432. This results in three separate- 
ly-conditioned difference signals appearing at points A, 

B, and C, respectively. The signals at points A, B, and 

C, correspond with those of the outputs 1 32, 1 36, and 
1 34 of Figure 5, respectively. The conditioned difference 
signals at points B and C are transferred to the positive 
terminal 422 via fixed resistors 432 and 436 as shown. 
The conditioned difference signal at point A is transmit- 
ted through a variable resistor 438 to the terminal 422. 

The signal at node B represents a filtered version 
of the level-adjusted difference signal appearing across 
a capacitor 444 which is connected to ground. The RC 
network of the capacitor 444 and a resistor 446 operate 
as a low-pass filter for the difference signal at the wiper 
contact 402. This low-pass filter corresponds with the 
filter 1 24 of Figure 5. In accordance with a preferred em- 
bodiment, the cutoff frequency of this RC network is ap- 
proximately 200 Hz. Such a cutoff frequency can be re- 
alized if the resistor 446 is 1 .5 kohms, the capacitor 444 
is .47 microfarads, and the drive resistor 434 is 20 ko- 
hms. 

At node C, the difference signal is filtered by the RC 
combination of a resistor 446, connected between node 
C and ground, and a capacitor 448 connected between 
node C and the wiper contact 402. Such a filter corre- 
sponds with the high-pass filter 1 26 of Figure 5. The re- 
sultant difference-signal component is fed through the 
drive resistor 436 to the terminal 422 of the amplifier 
406. The high-pass filter 126 is designed with a cutoff 
frequency of approximately 7 Khz and a gain, relative to 
that of node B, of -6 dB. Such a cutoff frequency can be 
realized if the capacitor 448 has an impedance of 4700 
picofarads, and the resistor 180 has a resistance of 3.74 
kohms. 

At point A, the level-adjusted difference signal from 
the wiper contact 402 is transferred to the resistor 440 
without selective equalization. Accordingly, the signal at 
point A is merely attenuated evenly across all frequen- 
cies. The signal at point A is further attenuated by the 
impedance of the variable resistor 438, which is adjust- 
ed by movement of an associated wiper contact 442. 
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Adjustment of the variable resistor 438, which may 
be a standard 100 kohm potentiometer, varies the level 
of stereo enhancement to correct for speaker orientation 
with respect to a listener. By decreasing the resistance 
of the variable resistor 438, the base level of difference 
signal is increased. This causes a corresponding ampli- 
tude increase in a mid-range of frequencies to partially 
overcome attenuation of these frequencies by the fitters 
124 and 126 (shown in Figure 5). Referring again to Fig- 
ure 7, the perspective equalization curve applied to the 
difference signal varies from the curve 1 90 to the curve 
1 98 as the impedance of the resistor 438 decreases. In 
this manner, the level of selective difference-signal 
equalization may be partially or almost totally reduced. 
That is, amplitude adjustment as a function of frequency 
will be significantly reduced across a mid band of fre- 
quencies. Selection of the appropriate curve is deter- 
mined in accordance with acoustic principles discussed 
above in connection with Figures 8A and 8B. 

If the stereo image correction circu it 22 and the ster- 
eo image enhancement circuit 24 are applied in a known 
reproduction environment, then the variable resistor 438 
and the resistor 440 may be replaced by a single fixed 
resistor having the desired impedance. In a preferred 
embodiment, the total resistance of the resistors 438 
and 440 will vary between 20 and 1 00 kohms to account 
for most reproduction environments. With such a de- 
sign, the resistor 424 has an impedance of approximate- 
ly 27.4 kohms. 

The modified difference signals present at circuit lo- 
cations A, B, and C are also fed into the inverting termi- 
nal 410 of the amplifier 412 through a variable resistor 
450 and a fixed resistor 451 series combination, and 
through fixed resistors 452 and 454, respectively. These 
modified difference signals, the sum signal and the en- 
ergy-corrected right signal 342 are transmitted along a 
group of signal paths 456. The signals from the group 
456 are combined at the terminal 410 of the amplifier 
41 2. The amplifier 41 2 is configured as an inverting am- 
plifier having a positive terminal 458 connected to 
ground and a feedback resistor 460 connected between 
the terminal 41 0 and an output 462. The resistance level 
of the variable resistor 450 is adjusted to the same level 
as that of the resistor 438. To achieve proper summing 
of the signals by the inverting amplifier 41 2, the resistor 
452 has an impedance of 20 kohms, and the resistor 
454 has an impedance of 44.2 kohms. The exact values 
of the resistors and capacitors in the stereo enhance- 
ment system 24 may be altered as long as the proper 
ratios are maintained to achieve the correct level of en- 
hancement. Other factors which may affect the value of 
the passive components are the power requirements of 
the enhancement system 24 and the characteristics of 
the amplifiers 370, 380, 406, and 412. 

The signal at the output 418 of the amplifier 406 is 
fed through a drive resistor 464 to produce the en- 
hanced left output signal 30. Similarly, the signal at the 
output 462 of the amplifier 412 travels through a drive 



resistor 466 to produce the enhanced right output signal 
32. The drive resistors will typically have an impedance 
on the order of 200 ohms. 

In operation, the difference signal components 

5 found at points A, B, and C are recombined at the ter- 
minal 422 of the difference amplifier 406, and at the ter- 
minal 410 of the amplifier 412, to form a processed dif- 
ference signal (Lc-RcJp. Ideally, the desired range of per- 
spective curves for generating (L^-R^p is characterized 

10 by a maximum gain at approximately 1 25 Hz and above 
7 Khz, and a minimum gain between approximately 
2100 Hz and 5 kHz. The processed difference signal is 
. also combined with the sum signal and either the left or 
right signal to generate output signals L^, and \% ut . The 

*5 enhanced left and right output signals can be expressed 
by the mathematical equations (1) and (2) recited 
above. The value of IC, in equations (1) and (2) is con- 
trolled by the position of the wiper contact 400 and the 
value of K 2 is controlled by the position of the wiper con- 

20 tact 402. 

An alternative embodiment of the stereo image en- 
hancement circuit 24 is depicted in Figure 11. The circuit 
of Figure 11 is similar to that of Figure 10 and represents 
another method for selectively equalizing a difference 

25 signal generated from a pair of stereo audio signals. The 
stereo image enhancement circuit 500 generates sum 
and difference signals differently than the circuit 24 of 
Figure 10. 

In the circuit 500, the left and right energy-corrected 

30 signals 340 and 342 are fed into negative inputs of mix- 
ing amplifiers 502 and 504, respectively. To generate the 
sum and difference signals, however, the left and right 
signals 340 and 342 are connected to an inverting ter- 
minal 510 of a first amplifier 512 through respective re- 

35 sistors 506 and 508. The amplifier 51 2 is configured as 
an inverting amplifier with a grounded input 514 and a 
feedback resistor 516. The sum signal, or in this case 
the inverted sum signal -(Lo+Fy, is generated at an out- 
put 51 8. The sum signal is then fed to the remaining cir- 

40 cuitry after being level-adjusted by a variable resistor 
520. Because the sum signal in the circuit 500 is invert- 
ed, it is fed to a non-inverting input 522 of the amplifier 
504. Accordingly, the amplifier 504 now requires a cur- 
rent-balancing resistor 524 placed between the non-in- 

45 verting input 522 and ground potential. Similarly, a cur- 
rent-balancing resistor 526 is placed between an invert- 
ing input 528 and ground potential to achieve correct 
summing by the amplifier 504 to generate the output sig- 
nal 32. 

50 To generate a difference signal, an inverting sum- 
ming amplifier 530 receives the left input signal and the 
sum signal at an inverting input 532. The input signal 
340 is passed through a capacitor 534 and a resistor 
536 before arriving at the input 532. Similarly, the invert- 

55 ed sum signal at the output 51 8 is passed through a ca- 
pacitor 540 and a resistor 542. The RC networks created 
by components 534/536 and components 540/542 pro- 
vide the bass frequency filtering of the audio signal as 
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described in conjunction with a preferred embodiment. 

The amplifier 530 has a grounded non-inverting in- 
put 544 and a feedback resistor 546. With this alternate 
configuration of Figure 11, a difference signal, IV-c. is 
generated at an output 548 of the amplifier 530. The dif- 
ference signal is then adjusted by the variable resistor 
560 and fed into the remaining circuitry. Acceptable im- 
pedance values for the circuit 500 include 100 kohms 
for the resistors 506, 508, 516, and 536, impedance val- 
ues of 200 kohms for the resistors 542 and 546, a ca- 
pacitance of . 1 5 micro-farads for the capacitor 540, and 
a capacitance of .33 micro-farads for the capacitor 534. 
Except as described above, the remaining circuitry of 
Figure 11 is the same as that disclosed in Figure 10. 

The stereo image enhancement system 24 may be 
constructed with only four active components, typically 
operational amplifiers corresponding to amplifiers 366, 
380, 406, and 412. These amplifiers are readily availa- 
ble as a quad package on a single semiconductor chip. 
Additional components needed to complete the stereo 
enhancement system 24 include only 29 resistors (ex- 
cluding drive resistors) and 4 capacitors. The circuit 500 
of Figure 1 1 can be manufactured with a quad amplifier, 
4 capacitors, and only 28 resistors, including the poten- 
tiometers. The circuits 24 and 500 can be formed as a 
multi-layer semiconductor substrate, i.e., an integrated 
circuit package. 

Apart from the embodiments depicted in Figures 1 0 
and 11, there are additional ways to interconnect the 
same components to obtain perspective enhancement 
of stereo signals in accordance with the present inven- 
tion. For example, a pair of amplifiers configured as dif- 
ference amplifiers may receive the left and right signals, 
respectively, and may also each receive the sum signal. 
In this manner, the amplifiers would generate a left dif- 
ference signal, L^-F^, and a right difference signal, R c - 
Lc, respectively. 

The stereo image enhancement provided by the en- 
hancement device 24 is uniquely adapted to take ad- 
vantage of high-quality stereo recordings. Specifically, 
unlike previous analog tape or vinyl album recordings, 
today's digitally stored sound recordings may contain 
difference signal, i.e. stereo, information throughout a 
broader frequency spectrum, including the bass fre- 
quencies. Excessive amplification of the difference sig- 
nal is avoided within these frequencies by limiting the 
amount of difference-signal boost in the bass frequen- 
cies. 

However, it may be desirable, depending on the 
sound reproduction environment, to boost bass fre- 
quencies of the audio signal to compensate for any loss 
of bass frequencies which may occur as a result of 
sound image relocation and orientation. Figure 12 de- 
picts a bass-boost circuit 550 for use in an alternative 
embodiment of the present invention to compensate for 
any such reduction in bass response. The bass-boost 
circuit 550 operates upon the sum signal where most of 
the bass, i.e., very low frequency, information resides. 



The circuit 550 has an input, A, receiving the sum 
signal through connection to the output 374 of the am- 
plifier 366 of Figure 10. The level of the sum signal is 
adjusted by a variable resistor 552 which may be a 10 

s kohm potentiometer. The variable resistor 552 may be 
used as a manual user-adjust setting, or if the desired 
amount of bass boost is known, the resistor 552 may be 
replaced by the appropriate fixed resistor. The level-ad- 
justed sum signal exiting the resistor 552 is then passed 

10 through a second-order low-pass filter comprised of the 
resistors 554, 556 and the capacitors 558, 562. The re- 
sultant filtered signal appears at a non-inverting terminal 
of an operational amplifier 564. The amplifier 564 is con- 
figured as a voltage follower to avoid loading of the sec- 
ts ond-order filter. In a preferred embodiment, the gain of 
the amplifier 564 is set to a maximum of two through 
selection of equal-value resistors 566 and 568 which are 
connected from the inverting terminal to ground and 
from the inverting terminal to an output, respectively, 

20 creating a feedback loop. In a preferred embodiment, 
the resistors 554, 566, and 568 are 10 kohm resistors, 
the resistor 556 is a 100 kohm resistor, the capacitor 
558 has an impedance of 0. 1 millifarads, and the capac- 
itor 562 has an impedance of 0.01 millifarads. Selection 

25 of the foregoing component values allow for selective 
amplification of bass frequencies below approximately 
75 hertz through adjustment of the resistor 552. 

The output of the amplifier 564 is split into two paths 
each containing a respective fixed resistor 578 and 580. 

30 One path, having an output labelled X, is connected to 
the inverting terminal 404 of the amplifier 406 of Figure 
10. Similarly, the output labelled X" is connected to the 
inverting terminal 410 of the amplifier 41 2. In operation, 
further boost of the bass frequencies may be obtained 

35 by varying the ratio of the resistors 578, 580 to the re- 
sistors 420 and 460, respectively. For example, in a pre- 
ferred embodiment, the value of the resistors 578 and 
580 will be one-half those of 420 and 426, thus allowing 
for a gain of two through the amplifiers 406 and 41 2 of 

40 Figure 10. Accordingly, the total gain of the bass-boost 
circuit 550 may be varied through a maximum gain of 4 
down to zero gain by adjusting the resistor 552. 

It can be appreciated that a variety of stereo en- 
hancement systems can be substituted for that of the 

45 system 24 as desired. For example, an embodiment of 
the systems disclosed in U.S. Patent Nos. 4,748,669 
and 4,866,774 equalize the relative amplitudes of both 
the difference and the sum signals in specific frequency 
bands. 

50 in addition to automobiles, the present invention is 
suitable for a wide variety of enclosed or outdoor audio 
reproduction environments where reproduced sound is 
spatially distorted from the perception of a listener. The 
present invention may also be used in those environ- 

55 ments which do not have listeners situated in a fixed po- 
sition. 

Figure 1 3 depicts one such outdoor audio reproduc- 
tion environment having outdoor speakers 570 and 572 
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which create a spatially distorted stereo image with re- 
spect to a listener 574. The speakers 570 and 572 may 
be positioned near ground level, as shown in Figure 1 3, 
or in various other positions to provide stereo sound to 
a wide outdoor listening area. The positioning of the out- 
door speakers 570 and 572 will no doubt be determined 
in part by factors other than optimum acoustic response. 
Such positioning, whether it be near the ground, over- 
head, or in surrounding foliage, may distort the pressure 
level of emanating sound over certain frequencies as 
perceived by listeners. The resulting distorted sound im- 
age can be corrected by application of the stereo image 
correction circuit 22, and then enhanced by the stereo 
image enhancement circuit 24 in accordance with the 
principles discussed herein. As a result, an apparent 
sound image can be created which falls within a desired 
listening range 576. 

Some outdoor speakers, like the speakers 570 and 
572 of Figure 1 3, are omnidirectional to account for the 
wide listening area and the mobility of the listener 574. 
In such an audio reproduction environment, there is no 
need to compensate for a reduction in a mid to upper 
mid-range of frequencies as discussed in connection 
with Figures 8A and 8B. Accordingly, optimum enhance- 
ment results are achieved in the environment of Figure 
1 3 by applying the perspective curve 1 90 of Figure 7 to 
enhance energy-corrected stereo signals played 
through the speakers 570 and 572. 

Figure 14 depicts another audio reproduction envi- 
ronment containing an implementation of the acoustic 
correction apparatus 20. Specifically, an electronic key- 
board apparatus 590 is shown having speakers 592 and 
594 placed below a keyboard 596. To an operator (not 
shown) situated in front of the electronic keyboard 590, 
the speakers 592 and 594 are located at an acoustically- 
undesirable position beneath the operator's ears. To 
correct for spatial distortion which may result from such 
placement of the speakers 592 and 594, the acoustic 
correction apparatus 20 modifies audio signals gener- 
ated by the electronic keyboard 590. In accordance with 
the principles discussed herein, a relocated apparent 
sound image may thus be generated as emanating from 
apparent speakers 598 and 600 depicted in phantom. 
Unlike the environment of Figure 8B, the level of orien- 
tation required for the audio reproduction environment 
of Figure 14 will likely be minimal due to the positioning 
of the speakers 592 and 594 towards the operator. Ac- 
cordingly, the curve 190 of Figure 7 may be suitable to 
spatially enhance the relocated sound image. 

The entire acoustic correction apparatus 20 dis- 
closed herein may be readily implemented by either (1) 
a digital signal processor, (2) with discrete circuit com- 
ponents, (3) as a hybrid circuit structure, or (4) within a 
semiconductor substrate having terminals for adjust- 
ment of the appropriate resistors. Adjustments by a user 
currently include the level of low-frequency and high- 
frequency energy correction, various signal-level ad- 
justments including the level of sum and difference sig- 



nals, and orientation adjustment. 

Through the foregoing description and accompany- 
ing drawings, the present invention has been shown to 
have important advantages over current acoustic cor- 

$ rection and stereo enhancement systems. While the 
above detailed description has shown, described, and 
pointed out the fundamental novel features of the inven- 
tion, it will be understood that various omissions and 
substitutions and changes in the form and details of the 

10 device illustrated may be made by those skilled in the 
art, without departing from the spirit of the invention. 
Therefore, the invention should be limited in its scope 
only by the following claims. 

is 

Claims 

1 . An audio correction device adaptable to an automo- 
tive sound system of a vehicle for spatially enhanc- 

20 ing a stereo image projected by the automotive 
sound system with respect to a listener situated, 
within a driver seat of the vehicle, said vehicle also 
having a forward-section passenger seat and said 
automotive sound system comprising a pair of 

25 speakers mounted within a respective driver-side 
door and passenger-side door of the vehicle where- 
in the speakers are positioned beneath a pair of 
ears of the listener, said audio correction device 
comprising: 

30 

a stereo image correction circuit connected to 
said automotive sound system for receiving a 
stereo sound signal, said stereo sound signal 
exhibiting audio distortion with respect to said 

35 listener when played through said speakers, 

said image correction circuit modifying compo- 
nents of said stereo sound signal to generate a 
corrected stereo sound signal, said corrected 
stereo sound signal compensating for said au- 

40 db distortion to provide an apparent sound im- 

age for said listener when said corrected stereo 
sound signal is played through said speakers; 
and 

a stereo image enhancement circuit receiving 
45 said corrected stereo sound signal for broaden- 

ing said apparent sound image, said stereo im- 
age enhancement circuit modifying said stereo 
sound signal to generate a spatially enhanced 
sound signal for playback through said speak- 
50 ers, said image enhancement circuit compris- 

ing: 

means for isolating the stereo information- 
al content of said stereo sound signal; 
55 an equalizer for applying a level of ampli- 

tude boost to said stereo information la con- 
tent as a function of frequency wherein said 
level of boost is characterized by a maxi- 
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mum gain below 200 hertz and character- 
ized by a minimum gain between 1 kHz and 
5 kHz; and 

means for combining said stereo informa- 
tional content with said stereo signal to cre- 
ate said spatially enhanced sound signal. 

2. The audio correction device of Claim 1 wherein said 
stereo image correction circuit divides an audible 
frequency spectrum into a low frequency range and 
a high frequency range relative to said low frequen- 
cy range, said image correction circuit modifying 
components of said stereo sound signal within said 
low frequency range independently of components 
within said high frequency range. 



ence-signal component representing the differ- 
ence between said enhanced left and right sig- 
nals, said second difference-signal component 
selectively equalized with respect to said first 
5 difference-signal component. 

5. The audio enhancement apparatus of Claim 4 
wherein said acoustic limitations are a function of 
said fixed location of said speaker system with re- 

10 spect to said listener. 

6. The audio enhancement apparatus of Claim 4 
wherein said apparent sound image is defined by 
an azimuth and elevation with respect to said listen- 
is er different from that of said speaker system. 



3. The audio enhancement device of Claim 1 wherein 
said distortion results from sound-absorption char- 
acteristics of an interior of said vehicle. 

20 

4. An audio enhancement apparatus operative upon 
left and right stereo input signals provided by a ster- 
eo reproduction device for playback through a 
speaker system having a fixed location within an au- 
dio reproduction environment, the enhancement 25 
apparatus modifying the stereo input signals to ob- 
tain an improved stereo image by compensating for 
acoustic limitations created when the input signals 
are reproduced by the speaker system within the 
audio reproduction environment, the audio en- 30 
hancement apparatus comprising: 

a stereo image correction circuit receiving the 
left and right stereo input signals and modifying 
said input signals to generate energy-corrected 35 
left and right stereo signals, said energy-cor- 
rected left and right signals creating a corrected 
spatial response when played through said 
speaker system and heard by a listener in said 
audio reproduction environment, said correct- 40 
ed spatial response creating an apparent 
sound image with respect to said listener to ob- 
tain a realistic and redirected sound experience 
for said listener; 

a stereo image enhancement circuit receiving 45 
the energy-corrected left and right stereo sig- 
nals and generating enhanced left and right 
stereo signals for enhancing said apparent 
sound image to provide an improved sound im- 
age perceived by said listener when said en- so 
hanced left and right stereo signals are repro- 
duced through said speaker system; and 
wherein said energy-corrected left and right 
signals are characterized by a first difference- 
signal component representing the difference 55 
between said energy-corrected left and right 
signals, and said enhanced left and right stereo 
signals are characterized by a second differ- 



7. The audio enhancement apparatus of Claim 4 
wherein said corrected spatial response is charac- 
terized by sound-pressure energy levels which are 
substantially constant across all audible frequen- 
cies above 1 00 Hz with respect to said listener. 

8. The audio enhancement apparatus of Claim 4 
wherein said stereo image correction circuit com- 
prises: 

a first correct ion circuit for modifying compo- 
nents of said left and right input signals within 
a first frequency range to create a first correct- 
ed stereo signal component; 
a second correction circuit for separately mod- 
ifying components of said left and right input 
signals within a second frequency range to cre- 
ate a second corrected stereo signal compo- 
nent; and 

means for combining said first and second cor- 
rected stereo signal components to generate 
said energy-corrected left and right signals. 

9. The audio enhancement apparatus of Claim 8 
wherein said means for combining also combines a 
respective one of said input signals with said first 
and second corrected stereo signal components to 
generate said energy-corrected left and right sig- 
nals. 

10. The audio enhancement apparatus of Claim 8 
wherein said second corrected stereo signal com- 
ponent is attenuated by said energy-correction cir- 
cuit. 

11. The audio enhancement apparatus of Claim 8 
wherein said second correction circuit boosts said 
input signal components within said second fre- 
quency range to generate said second corrected 
stereo signal component, said means for combining 
further comprising a switch having a first position 
and a second position, wherein said second cor- 
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rected stereo signal component is added to said first 
corrected stereo signal component by said means 
for combining when said switch is in said first posi- 
tion, and said second corrected stereo signal com- 
ponent is subtracted from said first corrected stereo 
signal component when said switch is in said sec- 
ond position. 

12. The audio enhancement apparatus of Claim 4 
wherein said stereo image enhancement circuit 
comprises an equalizer for altering a frequency re- 
sponse of said first difference signal to create said 
second difference signal by applying a perspective 
equalization curve to said first difference signal, 
said perspective equalization curve characterized 
by a maximum-gain turning point occurring at a 
maximum-gain frequency within a first frequency 
range of approximately 100 to 200 hertz and said 
curve characterized by a minimum-gain turning 
point occurring at a minimum-gain frequency within 
a second frequency range of approximately 1 680 to 
5000 hertz. 

13. The audio enhancement apparatus of Claim 12 
wherein said maximum gain is within a range of ap- 
proximately 10 to 15 dB, and said minimum gain is 
within a range of approximately 0 to 10 dB. 

14. The audio enhancement apparatus of Claim 4 
wherein said audio enhancement apparatus is im- 
plemented in digital format by a digital signal proc- 
essor. 

15. The audio enhancement apparatus of Claim 4 
wherein said left and right stereo input signals are 
part of an audio-visual composite signal. 

16. The audio enhancement apparatus of Claim 4 
wherein said audio reproduction environment is the 
interior of an automobile having first and second 
door panels positioned on opposite sides of a driver 
of said automobile and wherein said speaker sys- 
tem comprises a first speaker positioned within said 
first door panel and a second speaker positioned 
within said second door panel. 

17. The audio enhancement apparatus of Claim 4 
wherein said audio reproduction environment is as- 
sociated with an electronic keyboard apparatus 
having a keyboard and wherein said speaker sys- 
tem comprises first and second speakers connect- 
ed to said electronic keyboard apparatus, said first 
and second speakers placed beneath said key- 
board. 

18. A spatial enhancement apparatus for redirecting 
and enhancing a stereophonic image emanating 
from a speaker system located within an audio re- 



production environment, said spatial enhancement 
apparatus comprising: 

an acoustic-image correcting circuit receiving 

£ an audio input signal and producing a corrected 

audio signal, said audio input signal creating a 
first sound-pressure response with respect to a 
listener when played through the speaker sys- 
tem, and said corrected audio signal creating a 

10 second sound-pressure response when played 

through said speaker system, said second 
sound-pressure response generating an ap- 
parent stereo image corresponding to an ap- 
parent location of said speaker system with re- 

15 spect to said listener; and 

an acoustic-image enhancement circuit receiv- 
ing said corrected audio signal and providing 
an enhanced audio signal for reproduction 
through said speaker system, said enhanced 

20 audio signal equalized with respect to said cor- 

rected audio signal to broaden said apparent 
stereo image. 

19. The spatial enhancement apparatus of Claim 18 
25 wherein the corrected audio signal is a stereophon- 
ic signal comprising a difference signal represent- 
ing the amount of stereo information present in the 
corrected audio signal, the acoustic-image en- 
hancement circuit equalizing said difference signal 

30 to emphasize reverberant sound energy in said cor- 
rected audio signal for broadening said apparent 
stereo image. 

20. The acoustic correction apparatus of Claim 18 
35 wherein the corrected audio signal is a stereophon- 
ic signal comprising a difference signal represent- 
ing the amount of stereo information present in the 
corrected audio signal, the acoustic-image en- 
hancement circuit equalizing said difference signal 

40 according to a perspective level of equalization to 
create a processed difference signal, the perspec- 
tive level of equalization varying with respect to fre- 
quency of said difference signal and characterized 
by: 

45 a maximum gain occurring at a maximum- 

gain frequency within a first frequency range of ap- 
proximately 100 to 200 hertz and a minimum gain 
occurring at a minimum-gain frequency within a 
second frequency range of approximately 1680 to 

50 5000 Hz, said level of equalization decreasing be- 
low said first frequency range and above said first 
frequency range towards said minimum-gain fre- 
quency, said level of equalization further increasing 
above said minimum-gain frequency. 

55 

21. The acoustic correction apparatus of Claim 20 
wherein said level of equalization of said difference 
signal is further characterized by bass attenuation 
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of said difference signal relative to said maximum 
gain, said bass attenuation occurring below said 
maximum-gain frequency and said bass attenua- 
tion increasing with a reduction in difference-signal 
frequency. 

22. The acoustic correction apparatus of Claim 18 
wherein said acoustic-image correcting circuit com- 
prises: 

a first filter receiving said audio input signal and 
providing a first filtered output signal, said first 
filter having a frequency-response characteris- 
tic comprising a first transition band, said audio 
input signal having amplitude levels modified 
throughout said first transition band as a func- 
tion of frequency; 

a second audio filter receiving said audio input 
signal and providing a second filtered output 
signal, said second audio fitter having a fre- 
quency-response characteristic comprising a 
second transition band, said audio input signal 
having amplitude levels modified throughout 
said second transition band as a function of fre- 
quency; 

an amplifier for boosting the amplitude levels of 
said first and second filtered output signals, and 
for combining said first and second filtered out- 
put signals with said audio input signal to gen- 
erate said corrected audio signal, said correct- 
ed audio signal creating said apparent stereo 
image when reproduced through said speaker 
system. 

23. The acoustic correction apparatus of Claim 18 
wherein said audio input signal comprises a left in- 
put signal and a right input signal, and said acoustic- 
image correcting circuit comprising: 

a first energy-correction device receiving said 
left input signal for processing said left input 
signal to generate a corrected left audio signal, 
said first energy-correction device comprising: 



said corrected left audio signal; 

a second energy-correction device receiving 
said right input signal to generate a corrected 
5 right audio signal, said second energy-correc- 

tion device comprising: 

a bw-f requency correction circuit receiving 
said right input signal and providing a cor- 
10 rected low-frequency right signal, said low- 

frequency correction circuit boosting am- 
plitude components of said right input sig- 
nal within said first frequency range; 
a high-frequency correction circuit receiv- 
es ing said right input signal and providing a 
corrected high-frequency right signal, said 
high-frequency correction circuit adjusting 
amplitude components of said right input 
signal within said second frequency range; 
20 and 

means for combining said corrected low 
and high-frequency right signals to create 
said corrected right audio signal. 

2S 24. The acoustic correction apparatus of Claim 18 
wherein said audio reproduction environment is the 
interior of an automobile, said automobile having a 
dashboard and said apparent stereo image ema- 
nating from the direction of said dashboard towards 

30 said listener 

25. The acoustic correction apparatus of Claim 18 
wherein said audio reproduction environment is an 
outdoor area and wherein said listener may be sit- 
as uated at a plurality of locations within said audio re- 
production environment. 

26. An acoustic energy correction device for modifying 
the spectral density of a stereo signal to overcome 

40 acoustic deficiencies of a speaker system when 
said stereo signal is reproduced through the speak- 
er system, the acoustic energy correction device 
comprising: 



75 



a low-frequency correction circuit receiving 45 
said left input signal and providing a cor- 
rected low-frequency left signal, said low- 
frequency correction circuit boosting am- 
plitude components of said left input signal 
within a first frequency range; so 
a high-frequency correction circuit receiv- 
ing said left input signal and providing a 
corrected high-frequency left signal, said 
high-frequency correction circuit adjusting 
amplitude components of said left input ss 
signal within a second frequency range; 
means for combining said corrected low 
and high-frequency left signals to create 



a compensating circuit receiving said stereo 
signal for adjusting amplitudes of said stereo 
signal to obtain a desired acoustic spatial re- 
sponse with respect to a listener when said 
stereo signal is played through said speaker 
system, said compensating circuit comprising: 

a first correction circuit receiving said ster- 
eo signal and boosting said stereo signal 
as a first function of frequency over a first 
frequency range to create a first corrected 
stereo signal; 

a second correction circuit receiving said 
stereo signal and adjusting said stereo sig- 
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nal as a second function of frequency over 
a second frequency range to create a sec- 
ond corrected stereo signal; 
wherein said first function of frequency is 
independent of said second function of fre- 
quency; and 

means for combining said first and second cor- 
rected stereo signals to create an energy-cor- 
rected output signal. 

27. The acoustic energy correction device of Claims 8 
and 26 wherein said first frequency range compris- 
es audible frequencies below approximately 1000 
Hz, and said second frequency range comprises 
audible frequencies above approximately 1000 Hz. 

28. The acoustic energy correction device of Claim 26 
wherein said level of boost applied by said first cor- 
rection circuit increases with a corresponding in- 
crease in frequency. 

29. The acoustic energy correction device of Claim 26 
wherein said second correction circuit boosts said 
stereo signal within said second frequency range, 
said boost having a level increasing with a corre- 
sponding increase in frequency. 

30. The acoustic energy correction device of Claim 26 
further including an electronic switch receiving said 
second corrected stereo signal and providing an 
output connected to said means for combining, said 
electronic switch having a first position and a sec- 
ond position, said first and second corrected stereo 
signals added by said means for combining when 
said switch is in said first position, and said second 
corrected stereo signal subtracted from said first 
corrected stereo signal when said switch is in said 
second position. 

31 . An electronic device for creating an apparent sound 
image from sound signals reproduced through an 
acoustic transducer, said electronic device com- 
prising: 

a first fitter receiving said sound signals and 
providing a first filtered output signal, said first 
filter having a frequency-response characteris- 
tic comprising a first pass band and a first tran- 
sition band, said sound signals having ampli- 
tude levels modified throughout said first tran- 
sition band as a function of frequency and hav- 
ing a substantially uniform level of modification 
within said first pass band; 
a second audio filter receiving said sound sig- 
nals and providing a second filtered output sig- 
nal, said second audio filter having a frequen- 
cy-response characteristic comprising a sec- 



ond pass band and a second transition band, 
said sound signals having amplitude levels 
modified throughout said second transition 
band as a function of frequency and having a 

5 substantially uniform level of modification with- 

in said second pass band; 
amplification means for boosting the amplitude 
levels of said first and second filtered output 
signals, and for combining said first and second 

70 filtered output signals with said sound signals 

to generate energy-corrected sound signals, 
said energy corrected-sound signals creating 
said apparent sound image when reproduced 
through said acoustic transducer. 

is 

32. The electronic device of claim 31 wherein said sec- 
ond filtered output signal is inverted by said ampli- 
fication means when combined with said first fil- 
tered output signal and said sound signals. 

20 

33. The electronic device of claim 31 wherein said first 
and second audio filters are high-pass filters, said 
first transition band having a frequency range be- 
tween approximately 1 00 Hz and 1 000 Hz, and said 

25 second transition band having a frequency range 
between approximately 1000 Hz and 10 kHz. 

34. The electronic device of Claim 31 wherein said 
sound signals comprise left and right signals, and 

30 said amplification means comprises a first amplifier 
for boosting left signal components of said filtered 
output signals, and a second amplifier for boosting 
right signal components of said filtered output sig- 
nals, said first and second amplifiers applying a var- 

35 ying level of boost to said filtered output signals, 
said level of boost adjustable through first and sec- 
ond ganged variable resistors, said first and second 
ganged variable resistors transferring said filtered 
output signals to said amplification means. 

40 

35. A method of processing an audio signal to compen- 
sate for distortion of sound-energy when said audio 
signal is reproduced through speakers in a sound 
system, said method comprising the following 

45 steps: 

creating a first filtered audio signal, said first fil- 
tered audio signal characterized by a first tran- 
sition band and a first pass band of frequencies; 
so creating a second filtered audio signal, said 

second filtered audio signal characterized by a 
second transition band and a second pass 
band of frequencies; 

boosting amplitude components of said first fil- 
ss tered audio' signal as a function of frequency 

within said first transition band; 
boosting amplitude components of said first fil- 
tered audio signal by a fixed amount within said 
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first pass band; 

modifying amplitude components of said sec- 
ond filtered audio signal as a function of fre- 
quency within said second transition band; 
modifying amplitude components of said sec- s 
ond filtered audio signal by a fixed amount with- 
in said second pass band; 
combining said boosted first filtered audio sig- 
nal and said modified second filtered audio sig- 
nal to create a spatially corrected audio signal 10 
to create a corrected sound image when said 
spatially corrected audio signal is reproduced 
through said speakers; and 
spatially enhancing said corrected audio signal 
to broaden said corrected sound image. is 



range, said fixed amount corresponding to a maxi- 
mum level of boost applied to said first group of sig- 
nal components. 



36. The method of Claim 35 wherein said first transition 
band is a frequency range below approximately 
1000 hertz, said first pass band comprises frequen- 
cies above approximately 1 000 hertz, said second 20 
transition band is a frequency range of approxi- 
mately 1000 hertz to 10,000 hertz, and said second 
pass band comprises frequencies above approxi- 
mately 10,000 hertz. 

25 

37. A method of compensating for acoustic spatial dis- 
tortion perceived by a listener within an audio repro- 
duction environment when an audio signal is repro- 
duced through a speaker system also positioned 
within the reproduction environment, said method 00 
comprising the following steps: 



separating said audio signal into a first group 
of signal components within a first frequency 
range and a second group of components with- 35 
in a second frequency range, said first group of 
signal components contained within a first fre- 
quency range below approximately 1000 Hertz 
and said second group of signal components 
contained within a second frequency range 40 
above approximately 1000 Hertz; 
boosting amplitude levels of said first group of 
signal components as a function of frequency 
over said first frequency range to create a first 
modified group of signal components; 45 
adjusting amplitude levels of said second group 
of components as a function of frequency over 
said second frequency range to create a sec- 
ond modified group of signal components; and 
combining said first modified group of signal so 
components with said second modified group 
of signal components to create an energy-cor- 
rected audio output signal. 



38. The method of Claim 37 further comprising the step ss 
of boosting amplitude levels of said audio signal 
within said second frequency range by a substan- 
tially fixed amount over said second frequency 
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